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The increasing demand for quieter machinery has introduced the 
problem of noise limits and noise specifications for machinery. Such 
specifications should obviously be based upon some physical quantity 
such as the dyne per sq. cm. of acoustic pressure. On the other hand, if 
the noise rating of a machine is to be of much practical value, it must 
be quite definitely related to the loudness of the sound as it appears 
to the average human ear. This introduces the additional factors of the 
psychological characteristics of the human ear concerning the relative 
loudness of sounds of different intensities and frequency spectra. Up 
to the present time there is no general agreement concerning just how 
these various physical and psychological factors should be combined to 
determine noise ratings of machinery; indeed, the published data on 
machine noise measurement is very meagre. This paper presents a 
series of measurements which were made of the sounds produced by a 
certain type of large reduction gear unit for the purpose of determining 
noise specifications for that particular type of machine. This project 
was sponsored and supported by The Detroit Edison Company, and 
the material is published through the courtesy and the permission of 
that company. 

Program of Measurements and Methods. The type of gear unit under 
consideration is a large reduction unit and is shown in Figures 1 and 2. 
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It is driven by two steam turbines which operate at speeds of 3000 and 
4000 R.P.M., respectively. Each of these turbines is direct-connected 
to a pinion shaft on either side of the machine. Both of the pinion gears 
mesh with a common large gear which is direct-connected to a 360 
R.P.M., 240-volt, 4000-Kw. D.C. generator. The gears are of the 
double-helical type, each half of the gear being mounted separately. 





Fic. 1. One of large gear units showing measuring apparatus and location of measurement stations. 


Eight identical units of this type were available for use, five at the 
Trenton Channel plant, and three at the Delray plant of the Detroit 
Edison Company. In addition to these, measurements were made on 
two smaller units of the type shown in Figures 4 and 5. 

The sound-measuring apparatus is shown in Figure 1. A Western 
Electric condenser transmitter, together with a one-stage amplifier 
was mounted on a small truck so that it could be placed at the various 
measuring stations near the machine. Following this was an attenuator 
calibrated in decibels, a vacuum tube amplifier, and an indicating meter 
which was calibrated in tenths of decibels. An audio oscillator was also 
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provided so that the entire amplifier circuit could be calibrated before 
and after each set of readings by placing known voltages in series with 
the microphone. The frequency-response characteristic of the amplifier 
was adjusted to conform approximately to the “constant loudness con- 
tour” for sounds of the corresponding intensity as determined by Kings- 
bury.’ By this means a weighted sum of all component frequencies was 


PWwEST 
EAST SIDE - NO.13 MACHINE SHOWING SOUND MEASUREMENT STATIONS, 


70 - 24-30 





Fic. 2. Back side of large gear unit showing measurement stations. 


obtained simultaneously. This sum has been called the “total noise.”? 
These readings were recorded in terms of the 1000-cycle note which 
gave the same meter reading as the sound in question. This in turn was 
expressed in terms of decibels above the voltage corresponding to a 
sound pressure of .00053 dynes per sq. cm. These readings have been 
called “equivalent decibels above the 1000-cycle threshold.” Unpub- 
lished measurements by Dr. P. H. Geiger of this laboratory indicate 
that for a fairly wide range of intensities and qualities of sounds, the 
readings obtained in this manner agree quite well with the average 
loudness ratings of a number of observers. The sounds from these gears 
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were very loud, and accordingly the 80 db. weighting curve was chosen 
for the total-noise meter for this investigation. 

The amplifier was also provided with a manually operated frequency- 
analyzer which covered the audio range. The selectivity of this analyzer 
was slightly better than that of the human ear, so that it was possible 
to analyze out and measure separately any component note which 
could be heard by ear. With this equipment it was possible to measure 
the frequency spectrum of each machine, and to determine accurately 
the frequencies of the various component notes. The readings were re- 
corded either in dynes per sq. cm. at the given frequency, or in equiva- 
lent db. above the 1000-cycle threshold. The equipment was mounted 
on a hand truck as shown, and measurements were made of each gear 
unit under operating conditions in the plant. Readings were made on 
each machine at the sixteen stations indicated in the photographs. In 
each case the microphone was placed six inches from the gear case. It 
was found that the reading at any point showed short-time fluctuations, 
and accordingly a slowly responding indicating meter was used, and 
each reading was observed long enough to obtain an average. It was 
possible to determine the reading of the total noise at any point to 
within 0.1 db., and the value of an analyzed note to within 1 db. 

Total Noise Measurements. The factors which determine the loudness 
of the noise of any machine are so many that it is scarcely possible to 
express its noise rating by a single number, but the so-called “total 
noise” appears, in many cases, to satisfy this rather difficult requirement 
fairly well. Accordingly, measurements were made to determine the 
average total noise of each of the machines. 

Variations Among Individual Observations. The various machines 
tested were apparently of identical construction, and it might be sup- 
posed that proper relative ratings could be obtained by placing the 
microphone at the same corresponding station on each machine. Such 
did not prove to be the case. Figure 3 shows the results of a series of 
measurements made at ten corresponding stations on the front sides of 
the eight large machines under test. The number of the station is 
plotted as abscissa and the total noise as ordinate. Straight lines are 
used to connect the values for a given machine at the different stations. 
The variation in noise from station to station is shown by the rise and 
fall of these lines across the graph. Machine 3 showed a maximum vari- 
ation from station to station of 6 db., while Machine 1 showed about 
2 db. The variations for the other machines fell between these two 
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extremes. While these variations do not seem extremely large, they 
were fully as great as the differences between machines. 

If the machines were placed in the same order at all corresponding 
stations, there would be no crossing of the lines in Figure 3. It will be 
observed that crosses are the rule rather than the exception, and that 
the machines were placed in a very different order of loudness at each 
measurement station. For example, Machine 2, which was next to the 
noisiest of the group, measured the quietest of all at Stations 1 and 10, 
and the loudest of all at Stations 5 to 9. Machine 1, which was the quiet- 
est of the group, measured next to the loudest at Station 10 and the 
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MICROPHONE STATION 


Fic. 3. Individual “Total Noise’? Measurements (corrected for room noise) on the front sides of 
the eight large units showing variations in loudness among the ten different measurement stations. 


quietest at Stations 2, 5, and 8. At Station 6, Machine 4, which was by 
far the loudest of the group, measured less than Machine 11, which was 
a fairly quiet one and practically the same as Machine 1, which was the 
quietest of the group. 

These variations are attributed to differences in the audio-frequency 
vibration patterns of the various machines, and the corresponding dif- 
ferences in the sound wave patterns in the air surrounding the machines. 
These variations are not due to resonances in the ordinary meaning of 
the word. Resonance is usually used to indicate a large amplitude which 
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results from the correspondence of a periodic driving force with some 
natural period of the vibrating body. No evidence whatever has been 
found of such critical frequencies in these gear units. Instead, the phe- 
nomenon seems to be one of interference between the many reflected 
waves in the vibrating body which produce large variations in ampli- 
tude from point to point. A slight change of speed or other condition 
may greatly affect the value at any given point, but the average over 
a considerable region does not seem to be much affected. In spite of the 
fact that the machines were apparently identical, there were large dif- 
ferences between the wave patterns of the different machines. 

Such variations seem to be quite typical of machine noises and these 
measurements indicate the futility of trying to obtain comparative 
noise ratings at a single microphone location unless means are taken to 
average out these effects. Among the means which have been sug- 
gested for averaging wave patterns are “warbling” the frequency 
several times a second, making the measurements in a highly reflecting 
sound chamber with a moving reflector to shift the patterns continually, 
and swinging the microphone. The first two of these methods were out 
of the question in the present case, and the third offered considerable 
difficulty in view of the irregular shape of the machines and the desira- 
bility of keeping the microphone close to the gear case in order to re- 
duce the extraneous noise reaching it. In this particular instance it 
appeared that the value obtained by averaging the readings at the ten 
stations on each side of a machine would give a fairly accurate value 
for the noise of that machine, and accordingly, the data discussed in 
the following pages are these average values. It is believed that more 
accurate averages could be obtained by using a greater number of 
stations, and perhaps different averages would be obtained for stations 
on different parts of the machine, but those mentioned above are be- 
lieved to give satisfactory noise ratings. 

Average Total Noise Measurements. It was found that the readings 
obtained on a given machine varied somewhat from day to day, and, 
accordingly, from three to seven separate runs were made on each 
machine on different days in order to obtain an average value. The re- 
sults of these measurements are shown in Table I. 

The values tabulated above do not give the true noise of the various 
machines, because in each case a part of the reading was due to extran- 
eous room noise which reached the microphone. This room noise was 
largely due to other machinery which was in operation in the station, 
and its value varied considerably at the locations of the different ma- 
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chines. Measurements showed that the room noise seldom varied more 
than a few tenths of a decibel from station to station on a given ma- 
chine, and that the values obtained from day to day were nearly as 
constant provided that the same machines were running in the remain- 
der of the station. Accordingly, the room noise was measured at the 
usual stations at each machine with that machine at rest, and the re- 
mainder of the station operating as it had been when the measurements 


TABLE I 


ToTtaL No1is—E MEASUREMENTS—COMBINED GEAR AND Room NOISE 
LARGE Units—Loap 8000 AMPERES 











Machine 
1 2 3 4 g 11 12 13 








Equivalent Decibels above 1000 cycle Threshold 
Average of Readings at Stations 1-10 












































Run 
1 97.9 99.1 97.1 98 .9 98 .1 97.7 96.7 96.4 
2 97.0 98.8 97.3 99.1 97.4 97.3 96.6 96.5 
3 97.9 98 .9 97.3 98.9 97 .6 97.7 96.6 97.0 
4 97.1 97.4 97.7 97.0 96.6 
5 96.7 97.4 97.1 97.0 
6 96.8 97.4 96.8 96.3 
7 | 96.9 

Av. 97.2 98.9 97.3 99.0 97.7 97.6 96.8 96.6 

Average of Readings at Stations 13-18 

1 98 .0 97 .6 97.1 99.1 Gi:7 | Sa 98.1 97.1 
2 97.9 97.1 97.2 98.3 98.3 97.4 
3 96.3 97.4 98 .9 98.0 97.0 
4 97.6 98 .9 98.1 
5 97 .6 

Av. | 97.4 | 97.3 97.3 | 99.1 97.7 98 .6 98 .0 97.2 








of Table 1 were made. From these data it was possible to correct the 
previous measurements so that they indicated the noise from the ma- 
chine alone. This correction was made by taking the square root of the 
differences of the squares of the acoustic pressures corresponding to the 
given readings. A number of unpublished experiments by the author 
and by other investigators in this laboratory indicate that such a cor- 
rection is very accurate, providing that the extraneous noise is fairly 
constant, of different frequency than the noise to be measured, and not 
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much larger than the corrected noise. The results of this correction are 
given in Table II, with the gear units arranged in ascending order of 
loudness. The value recorded for Stations 1-10 on each machine rep- 
resents the average of about 50 individual observations, while that for 
Stations 13-18 represents the average of about 30. Accordingly, the 
former are given double weight in computing the grand average for the 
machine. 


TABLE II 


TotaLt NoIsE MEASUREMENTS—LARGE GEAR UNITS 
EFFECT OF CORRECTION FOR Room NOISE 











ed Stations 1-10 Stations 13-18 nae 
chine Av. 
Uncorr’d Room Corr’d Uncorr’d Room Corr’d Corr’d 
1 97.2 93.0 95.1 97.4 91.6 96.1 95.4 
12 96.8 91.2 95.4 8.0 92.6 96.5 95.8 
13 96.6 89.6 95.6 97.2 90.4 96.2 95.8 
11 97 .6 92.7 95.9 98 .6 94.2 96.6 96.1 
5 97.7 92.7 96.1 97.7 92.6 96.1 96.1 
3 97.3 91.2 96.1 97.3 89.8 96.4 96.2 
2 98.9 93.1 97 .6 97.3 93.8 94.7 96.6 
4 99.0 91.6 98.1 99.1 90.2 98.5 98 .2 


The outstanding result of these measurements is the very small range 
of values. The difference between the quietest machine and the loudest 
amounts to 2.8 db., and it might appear that there is no appreciable 
difference in the loudness of the group of machines. Such is by no means 
the case. The first time the author heard these machines he listened to 
Machines 12 and 13, after which he rode 20 miles in an automobile to 
another station to listen to Machine 4. With no previous suggestions 
concerning the relative loudness he instantly and unhesitatingly pro- 
nounced it much louder than the other machines. This observation has 
been fully confirmed by plant engineers. Machines 1 to 5 are all located 
in the same plant, and by operating them all simultaneously it was 
possible to pass back and forth from one to the other and compare the 
relative loudness by ear. The results of these observations were in per- 
fect agreement with the above measurements. Machine 1 was noticeably 
the quietest, Machines 3 and 5 were somewhat louder, Machine 2 was 
still louder, and Machine 4 was very noisy. Reference to the published 
data on minimum perceptible differences * shows that for sounds of this 
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of this level, the minimum perceptible difference in intensity is about 
3 db. compared to approximately 1 db. for sounds of ordinary inten- 
sity. Accordingly, the 2.8 db. between the quietest and the loudest 
machines would sound much the same as a 10 db. change at lower 
levels. This latter figure is a very large change in the case of machine 
noises, and would be very easily remembered. 

The corrected data of Table II show that the noise on the back side 
of the machines (Stations 13-18) averaged about 0.7 db. greater than on 
the front side (Stations 1-10). This was attributed to a larger amount 
of reflected sound from a nearby wall. The back sides of the machines 
were about eight feet from a hard tile wall, while it was several times 
this distance to any large reflecting object on the front sides of the 
machines. Machine 2 differed from the rest in that the noise was 2.9 
db. less on the back than on the front. This was due to the peculiar 
quality of the sound from this unit which was brought out more fully 
by frequency analysis. Another interesting result of these measure- 
ments was the large value of the room noise. This averaged about 92 
db., or 3.5 db. less than the quietest machine. It was possible to observe 
how great this change appeared by placing the ear close to the machine 
and then moving away from it, or by listening at a given point with 
the machine stopped and then with it running. These observations were 
all in accord with the above measurements. 

Although the above measurements seemed very consistent, the author 
was somewhat perturbed by the small range of values. Accordingly, 
arrangements were made to measure the noises from a pair of reduction 
gear units like those shown in Figures 3 and 4. Each of these units 
is driven by a single steam turbine which operates at 3710 R.P.M. The 
slow-speed end is direct-connected to a 514 R.P.M., D.C. Generator. 
The gears are of the double helical type, and the two halves are mounted 
separately as shown in the pictures. The H.P. rating of these sets in 
about 3 that of the larger units. Several runs were taken on each of 
these machines and the average results are shown in Table ITI. 

The size and shape of these units varied considerably from those of 
the other units, and the quality of the sound was considerably different. 
By ear, Machine 5 appeared to be very quiet, and Machine 6 extremely 
noisy. The measured difference was 4.4 db. which is consistent with the 
previous data. The author was very agreeably surprised to find that 
these two units were of the same order of loudness as the other machines. 
The less noisy of the two machines was 1.0 db. quieter than the quiet- 
est of the other group, and the noisier was 0.6 db. noisier than the 
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TABLE III 
TotTat NoIsE MEASUREMENTS—SMALL GEAR UNITS 












































F ae . Grand 
Machine Stations 1-10 Stations 11-20 a 
Equivalent Decibels Above 1000 Cycles Threshold 
Uncorr’d | Room | Corr’d | Uncorr’d | Room | Corr’d | Corr’d 
5 (small) 95.8 88.1 | 95.0 | 95.2 89.8 93.7 94.4 } 
6 (small) 99.5 82.0 | 99.4 | 98.5 81.6 98.4 98.8 
noisiest of the other group. It was found that the room noise at the 
locations of these two machines was less than at the others, which was 
also in agreement with aural observations. 


NOS MACHINE 





Fic. 4. Front side of one of small gear units showing the location of the measurement stations and 
the irregular shape of the enclos'ng case. 


The differences between the measurements of the different machines 
were somewhat less than had been anticipated. The principal conse- 
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quence of this small difference is the necessity of unusually accurate 
calibration of the microphone in terms of absolute units. The data in- 
dicate that the difference in total noise of a machine which would be 
accepted under the specification and one which would be rejected might 
be only one or two decibels. Accordingly, the absolute calibration 
should certainly be correct within 3 db. and preferably within } db. 


ee, 
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Fic. 5. Back side of one of small gear units. 


Apparently this represents a rather unusual accuracy in microphone 
calibration. On the other hand, the results obtained were consistent 
with themselves and with the published information on the charac- 
teristics of the average human ear. It was concluded that, if proper pre- 
cautions were taken to average-out the variations from point to point 
and from day to day, the average total noise furnished one satisfactory 
noise rating for these machines. 

Frequency Analyses. Although the total-noise measurements de- 
scribed above furnish one suitable value for rating the noise of these 
gear units, they by no means furnish all of the information which can 
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be gained from sound measurements. It was arranged, therefore, to 
make a frequency analysis of the noise from each machine. The micro- 
phone was placed at one of the central stations on the machine, and the 
tuning of the analyzer was varied until a-large reading on,the meter 
indicated the presence of a musical note. Measurements were then taken 
at each of the ten stations previously described. This process was re- 
peated until each of the component frequencies of the sound of the 
machine had been determined. Analyses were made on both sides of 
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Fic. 6. Individual readings of six different analyzed notes at the ten measurement stations on the 
front side of Machine 4. 


the two small gear units. No important differences were noted between 
the analyses on the two sides, so that analyses were made on only one 
side of the eight large units. 

Variation Among Individual Readings. It was found that the reading 
on any particular note varied considerably from point to point on the 
machine. Figure 6 shows the readings obtained on six different notes 
at each of the ten stations of Machine 4. It will be observed that the 
variations range from 5 to 15 db. which variation is considerably larger 
than in the case of total-noise measurements. It will also be observed 
that the point-to-point variation is different for every note. 

It was found that seven of the eight machines produced a note of 260 
cycles, although the relative importance of this note varied consider- 
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ably from machine to machine. Figure 7 shows the measurements ob- 
tained for this note at each of the ten stations of the seven machines. 
It will be observed that there is more of a resemblance in the pattern 
formed by a given note on the different machines than there is between 
the various notes on a single machine. There are plenty of crosses in the 
graph, however, showing that there is considerable variation among the 
different machines. This no doubt accounts for the variations observed 
in the case of total noise. The variations are smaller in the case of total- 
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Fic. 7. Individual readings of the 260 note (4th. harmonic of high pressure pinion) at the ten micro- 
phone locations on the front sides of the eight large machines. 


noise measurements on account of the averaging effect of the patterns 
of different frequencies. For this reason the value obtained for an in- 
dividual component is not as accurate as the value for the total noise, 
and, accordingly, the analyzed notes are recorded to the nearest decibel 
instead of the nearest 1/10 decibel. The data hereafter described rep- 
resent the average of the ten stations on each machine exactly as in the 
case of total noise. 

Average Measurements of Analyzed Notes. The frequency analyses of 
the eight large units are shown in Figures 8 to 15. The frequency of the 
observed note is plotted as abscissa, and the acoustic pressure in dynes 
per square centimeter is plotted as ordinate. The number of notes 
which could be distinguished on each machine varied from six in the 
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case of Machine 1, to sixteen in the case of Machine 3. Strangely enough 
the total noise of these two machines measured within a few tenths of a 
decibel of the same value. 

Every machine showed an individual frequency spectrum. For ex- 
ample, most of the musical sound from Machine 2 was concentrated jn 
a single note at 260 cycles, while Machine 12 showed a large group of 
notes of approximately the same pressure extending from 150 cycles to 
above 2,000 cycles. Machine 4 showed no components whatever above 
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600 cycles and practically all of the musical sound was produced by a 
group of six notes between 200 and 450 cycles. It will also be observed 
that while all of the notes of the different machines lie in the same fre- 
quency region, that the frequencies of the individual components are, 
in general, different for every machine. In case a given note appears in 
the spectrum of more than one machine, its relative importance is dif- 
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ferent for each machine. These results account for the individual char- 
acter of the sound from the different gear units. 

The frequency analyses of the two smaller units are shown in Figures 
16 to 19. These machines showed a group of notes similar to those of 
the large units except that most of the important notes were in the re- 
gion from 600 to 1200 cycles instead of 200 to 500 cycles. As a result, 
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| char- the noise from these units appeared to be pitched one or two octaves 
higher than did that of the large units. 

‘igures It is not apparent just why this should be the case. The pinions on 

ose of the large machines run at 3000 and 4000 R.P.M. and have 51 and 39 

the re- teeth, respectively, while the pinion on the small machines runs 3710 

result, 
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Fics. 8 to 15 Frequency analyses of the musical notes on the front sides of the large gear units. 
Averages of Stations 1 to 10. 








462 JOURNAL OF THE ACOUSTICAL SOCIETY — [Apriz, 


R.P.M. and has 33 teeth. These facts would appear to favor higher 
notes on the large machines. Reference to the graphs shows that the 
lower frequency components are present, but they are not as loud as 
the others. The explanation may lie in the different construction of the 
main castings of the gear cases. As shown in the photographs, the 
enclosing case of the smaller units conforms to the gears, and is quite 
irregular and has no large flat surfaces. The shape of large units js 
essentially rectangular with a smooth curved top and large flat surfaces, 
These may be more effective in radiating the longer wave lengths of 
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Noise Specifications. The total noise measurements and the frequency 
analyses described above furnish the necessary data for a noise speci- 
fication of these machines in terms of four different characteristics. 
These are the “total noise,” the “largest single note,” the “combined 
musical notes,” and the “unpitched sound.” The meanings of the first 
two of these are obvious as they are obtained directly from measure- 
ment. The other two were computed as follows: The values of the sound 
pressures of the individual notes were first weighted according to their 
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Fics. 16 to 19. Frequency analyses of the musical notes on the small gear units 
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relative loudness as determined from the data of Kingsbury.' The value 
which represents the combined musical notes of each machine was then 
computed by taking the square root of the sum of the squares of these 
weighted sound pressures. In every case this value was found to be less 
than the measured total noise. This difference was due to the presence 
of sounds which had no particular frequency and which were due to 
roughness, differences among teeth, and other irregularities. Such 
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MACHINE 
Fic. 20. Large units arranged in order of total noise, and showing relative amounts of total noise, 
unpitched noise, combined musical notes, and largest single note. These four characteristics were 
used for noise specifications. The effects of repairs on Machine 4 are also shown. 
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sounds are technically known as “unpitched sounds.” The value of the 
unpitched sound for each gear set was computed by taking the square 
root of the difference of the squares of the total noise and the combined 
musical notes. These four values for each machine are shown graphically 
in Figure 20. Figure 20 also shows readings which are marked “Machine 
4 after repairs.” These measurements are described in the following 
section of the paper. 

The values obtained show a range of 12 db. for the largest single note, 
of 6 db. for the combined musical notes, of 3 db. for the total noise, 
and of 1.5 db. for the unpitched sound. From this it appears that the 
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principal difference between the quieter machines and the louder ones 
lies in the amount of musical notes. Inasmuch as frequency analyses 
are ordinarily not much affected by room noise, this fact would enable 
noise ratings to be made on the basis of frequency analyses in places 
where the room noise is too great for total-noise measurements. It will 
be observed that the relative amount of the four noises is different for 
each machine. For example, Machine 3, shows by far the smallest 
amount of unpitched sound, a moderate value for the largest single note, 
and a very large value for the combined musical notes. This is due to 
the large number of notes of medium loudness as shown in Figure 10. 
Machine 2 shows by far the largest single note, but this represents 
practically all the musical sound for this machine. Machine 4 was the 
noisiest of all the machines except in the case of the largest single note, 
in which respect it stood second loudest. 

In order to write a noise specification it is necessary to determine 
which characteristics of the sound should be specified, and to select the 
limiting values for acceptance. This paper deals primarily with the 
former, because the latter depends principally upon the desirability 
and the cost of obtaining a given standard of quietness. Accordingly, 
three typical specifications are listed in Table IV. 

TABLE IV 
TyPicAL NOISE SPECIFICATION FOR UNITS UNDER TEST 











Specification 1 2 3 


Equivalent Decibels above 100 Cycle Threshold 





Total Noise 95 96 96 


Largest Single Note 84 87 89 
Combined Musical Notes 88 90 94 
Unpitched Sound 94 94 94 
Machines Passed #1 #1, 12, 13, 11 1,12. 13, 3133, 5 
Machines Rejected all others #3, 5, 2,4 #2, 4 


The first of these specifications would pass only machines equal to 
or better than the most quiet one of the group tested. The second speci- 
fication would require a new machine to be as quiet as the median ma- 
chine of the group, while the third would pass the six quieter machines 
which are considered by the plant engineers to be satisfactory, and 
would reject the two machines which are definitely much noisier than 
the others, Of course, a complete specification would include the loca- 
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tion and number of measurement stations used to obtain proper aver- 
ages. 

These specifications meet the two requirements of a physical basis 
for the measurements, and a consideration of the characteristics of the 
average human ear. The system is related to absolute units by the 
choice of the “zero” of the decibel scale as a sound pressure of .00053 
dynes per sq. cm. at 1000 cycles. The human ear is taken into account 
by the use of the decibel scale which is a fairly good loudness scale, and 
by the frequency weighting of the total-noise meter and the analyzed 
notes. The very complex question of quality is handled by making 
separate determinations of the four quantities described above. It is 
not claimed that this treatment takes account of all the characteristics 
of the human ear, or that such specifications would be adaptable to all 
problems. It does appear, however, that this method yields definite 
numerical values by means of which the noises of these machines may 
be specified and compared, and it is believed that this same method can 
be applied to many types of machinery noise. 


TABLE V 
FUNDAMENTAL MACHINE MOVEMENTS OF LARGE GEAR UNITs AT 360 R.P.M. 








Frequency of 
Fundamental 








Part R.P.M. Teeth Note Cycles 
per Second 
Output shaft 360 _- 6.0 
Large gear 360 424 2544. 
Low speed input 2993 — 49.9 
Low speed pinion 2993 51 2544. 
High speed input 3914 — 65.2 
High speed pinion 3914 39 2544. 


The Sources of Sound and the Effects of Repairs on Machine 4. In 
addition to furnishing an essential part of the data for noise specifica- 
tions, the frequency analyses also yield very valuable information con- 
cerning which parts of the mechanism are responsible for the different 
noises and also something of the nature of the defect which produces 
the sound. This is accomplished by relating the frequencies of the ob- 
served notes with the movements of the various parts of the machine. 
Table V shows the frequencies of the various elements of the large gear 
units. 
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In practice the units are not operated exactly at 360 R.P.M., and 
therefore, the speed of each machine was measured by means of a tach- 
ometer at the time the sound measurements were taken. The series 
of figures at the bottoms of Figures 8 to 19 which are labelled “mul- 
tiples of pinion rotation” were computed, from this tachometer reading 
and the number of gear teeth. The frequencies of the observed notes 
were determined by observing the analyzer setting which gave the 
maximum reading on a given note, and this was translated to cycles 
per second from the analyzer calibration. It will be noted that in every 
case the observed frequency of each note corresponds to one of the 
multiples of pinion rotation. The differences between the observed fre- 
quencies and the computed frequencies are very much less than the 
probable inaccuracy of setting the analyzer and measuring the speed. 
In the case of Machines 5 and 13 an additional note was found which 
did not correspond to one of these multiples of pinion rotation. The 
frequency of this note was 120 cycles, so that it obviously was a mag- 
netic note produced by 60-cycle equipment in the station. This particu- 
lar note showed unusually small variations from station to station on 
the gear unit, which was additional evidence that it was not a gear note. 

In most of the cases it was possible to determine definitely which 
pinion was responsible for a given note. Those due to the high-speed 
pinion have been marked with an open circle, and those due to the low 
speed with a solid circle. In certain cases where both pinions produced 
harmonics which were very close to the observed note, the reading has 
been marked with a half open and half solid circle. It is believed that 
with more careful measurements it could be determined just which 
pinion was responsible for these questionable notes. In certain cases 
very definite beats were noticeable between such harmonics. 

The results of these analyses were very surprising to the author be- 
cause the loudest notes corresponded neither to speeds of rotation nor 
to the frequency of tooth contact. Evidently the various shafts were in 
good mechanical balance because no fundamental notes of rotation 
whatever could be detected and nothing less than the third or fourth 
harmonics appeared to be important. Ordinarily the most important 
gear noises are those of tooth-contact frequency and its harmonics. In 
this case both pinions meshed with the common gear, so there was only 
one fundamental tooth-contact frequency at 2544 cycles. This corre- 
sponds to the 51st multiple of the low-speed pinion and the 39th mul- 
tiple of the high-speed pinion. For this reason it was expected that im- 
portant musical notes of the frequencies 2544, 5088, 7632, etc. would be 
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found. Such did not prove to be the case. None of the higher harmonics 
were found on any machine, and only two of the machines (3 and 12) 
exhibited a fundamental note of 2544 cycles. In both of these cases the 
fundamental gear note was more than 25 db. below the total noise of 
the machine. This is about as small a component as it is possible to de- 
tect either by ear or with the instrument, and, therefore, these notes 
were entirely negligible in comparison with the other notes on the ma- 
chines. 

The absence of tooth-contact frequency notes was very important 
as it eliminated certain very important sources of noise. Such notes 
arise from vibrations which occur with each contact and which are 
usually due to peculiarities in tooth form, to inaccuracies in alignment 
or mounting, or to deflections in the shaft between the two halves of 
the herringbone which tend to throw the gears out of adjustment. As 
these notes were not present, it was apparent that none of the noise 
was due to these most common causes of gear noise. It was also obvious 
that the noise was not due to a defect on any particular tooth because 
the frequencies did not correspond to those of rotation nor to contacts 
of any integral number of teeth. For example, the third harmonic of 
the high-pressure pinion, which was one of the more prominent notes, 
corresponded to 1.7 tooth-contact intervals. It also was clear that the 
large gear was not responsible for very much of the noise as none of the 
observed notes corresponded to its speed of rotation. Thirty-nine revo- 
lutions of the gear or 63 seconds were required to bring the same teeth 
on the gear and high-speed pinion in contact again. Fifty-one revolu- 
tions of the gear or 83 seconds were required between successive con- 
tacts of a given pair of teeth on the large gear and the slow-speed pinion. 
No fluctuations in the sound were observed at either of these intervals, 
so that no evidence whatever was obtained that the large gear was re- 
sponsible for any of the musical notes. It doubtless was responsible 
for part of the unpitched sound, however. With the most probable 
sources of gear noise eliminated, it appears that the noise from these 
gears was largely due to peculiarities in the machine on which the pinions 
were cut. These errors were most probably in the mechanism by which 
the cutting machine was indexed from one tooth to the next, and by 
which the tooth spiral was generated. 

As soon as the above series of measurements was completed, Machine 
4, which was by far the noisiest of the group, was dissassembled for 
inspection. It was found that the large gear was rather rough and pitted, 
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but that this pitting bore no relation to the frequencies of the observed 
notes. The pinions also showed peculiar markings. These markings 
appeared in the form of dark spots which covered { to 3 the profile of 
the tooth, and which appeared to come in more or less definite groups. 
These groups of spots did not follow along a given tooth for any great 
distance, but instead were spread axially across the face of the gear. 
The width of these axial bands of spots varied from 1 to as much as 5 
tooth pitches, and varied both in width and intensity across the face of 
the gear. In spite of these variations there were very definite regions of 
these axial groups of spots. Marks were placed across the centers of 
these groups, and it was found in the case of the low-speed pinion that 
there were seven of these groups almost equally spaced around the cir- 
cumference of the pinion. Referring to the frequency analysis of this 
unit shown in Figure 11, it is found that the only note of consequence 
from the low-speed pinion was the 7th harmonic. This was a great 
triumph for the theory of harmonic analysis. 

On the high-speed pinion it was found that the bands of spots were 
more distinct, but not as evenly spaced. They divided the circumference 
approximately into fifths except that one of the groups was missing. It 
would be expected that this would give a rather irregular sound con- 
sisting of a number of components centering around a large 5th har- 
monic. By referring to Figure 11 it will be seen that this was exactly the 
case. 

Following this inspection, the gears of Machine 4 were shipped to 
the manufacturer for repairs. These repairs consisted of taking a very 
light cut from that side of the teeth which was ordinarily used. This 
cut was sufficient to remove the black spots and roughness mentioned 
above, and most of the pitting. The gears were then returned, assembled 
and lapped, and the machine run in for several weeks. Following this, 
measurements were made to determine the effect of these repairs on 
the noise of the machine. 

The relative sound ratings of this machine before and after repairs 
are shown in Figure 20. It will be observed that the repairs produced an 
enormous reduction in the noise of this machine. The average total 
noise and the unpitched noise were each reduced by 33 db. making it 
the quietest of the group in respect to these two characteristics. The 
reduction in the unpitched noise produced a marked improvement in 
the smoothness of the sound, or as one of the engineers rather aptly 
remarked, that it had a more “healthy” sound after repairs. The value 
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of the combined musical notes was reduced 23 db. making it equal to 
Machine S in this respect, while the largest single note was reduced by 
3 db. making it equal to Machine 11. 5 

Not only were the amounts of these various sounds greatly reduced, 
but the character of the sound was greatly changed. The frequency 
analysis after repairs is shown in Figure 21. It should be compared with 
Figure 11,which was taken before repairs. Ten notes were distinguishable 
after repairs compared with eight previously, but they were not nearly 
as large. Before repairs all of the important notes were between 200 
and 450 cycles, but afterwards notes as high as 2000 cycles were ob- 
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Fic. 21. Frequency analysis of Machine 4 after repairs. 


served. Before repairs all but one of the important notes were due to the 
high-speed pinion, but afterwards both pinions contributed about 
equally, the largest note being produced by the low-speed pinion. An 
altogether different set of harmonics were present after repairs. For 
example, the 6th harmonic of the low-pressure pinion, which was the 
most prominent note after repairs, did not appear originally. The 5th 
harmonic of the high-speed pinion which was the most prominent 
note before repairs was reduced about 13 db. and was relatively unim- 
portant after repairs. In other words, the sound spectra before and 
after repairs were as different as between any two machines measured. 

This is very definite evidence that the musical notes observed were 
not due to resonance. The casing, shafts, bearings, and even the gears 
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themselves, with the exception of a few thousandths of an inch of mate- 
rialon one side of the teeth, were entirely identical before and after re- 
pairs. These include about the only parts in which one could conceive a 
resonance, and, since the observed notes were altogether different, it 
is quite evident that they were not due to resonance. Tooth-contact 
frequency notes were not present either before or after repairs, so that 
the noise was not due to errors of tooth form, adjustment, or deflection 
under load. The teeth were not hardened so that the errors were not 
due to distortions from heat treatment. From this it appears that the 
errors were most certainly introduced by pecularities in the machine on 
which the gears were cut. The fact that the frequencies of the notes 
produced before and after repairs were entirely different indicates that 
the re-cutting of the gears removed the original defects and introduced 
different and smaller ones. It should prove profitable, therefore, to look 
for periodic errors in indexing and in tooth spiral angle in the cutting 
machine which might be due to gear trains or similar causes. 

As shown in Figures 9 and 20, practically all of the musical sound, 
and a large part of the total noise of Machine 2 was concentrated in a 
single note of 260 cycles. This was very obviously the 4th harmonic of 
the high-speed pinion. Without doubt this pinion contains errors which 
occur about 90 degrees apart, and it is believed that evidence of these 
errors would be obtained on inspection. The other notes from this ma- 
chine were very small, and, as shown in Table II, the total noise on the 
side of ‘the machine away from this part (Stations 13-18) was nearly 
3 db. less than on the front side. This accounts for the fact that this 
was the only machine whose total noise was less on the back side than 
it was on the front. As a result it is believed that if the errors in this 
one comparatively small part of the machine were corrected that it 
would be one of the quietest of the group instead of the next to the 
noisiest. 

From such considerations it appears that frequency analysis is a 
very important and valuable tool for the study of machinery noises. 
It furnishes a means of computing the unpitched sound which cannot 
conveniently be measured directly, and it allows fairly satisfactory 
inspections to be made in noisy places where total-noise measurements 
are not feasible. It often furnishes very definite information concerning 
which particular parts of the machine are responsible for the various 
observed noises, and at the same time indicates very frequently the 
nature and the source of the defects which produce the noises. 

Miscellaneous Tests. The principal part of this investigation consisted 
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of the measurement of the total noise and the making of frequency 
analyses of each machine as described above. In addition to this, a few 
supplementary tests were made to obtain an idea of the probable im- 
portance of some of the variables which might have affected the read- 
ings. 

Additional Room Noise Measurements. The method of correcting the 
total noise for the extraneous room noise which was used above was 
selected on the basis of the preliminary measurements shown in Table V. 


TABLE V 
ToTaL NoOIsE MEASUREMENTS NEAR MACHINE 2 











Total Noise, Deci- 
Location with Respect to Station 8 bels Above 1,000 
Cycle Threshold 





a. 8” from case 100.1 
b. 20” from case 97.6 
" 40” from case 95.6 
d. 100” from case 95.6 
e. 10’-6” from case 94.0 
i 17’ out, 6’ north 92.2 
g. 5’ out, 12’-4” north (beside turbine) 90.4 
h. 3’ out, 15’ south (beside generator) 92.2 


It was observed by ear that at Station “f” most of the noise came 
from machinery other than the gear unit, and, accordingly, this was 
assumed to be the approximate level of the room noise. This was well 
born out by the subsequent measurements shown in Table II. It was 
also observed that the noise was no greater than this value at stations 
near the turbine and the generator which showed that these machines 
did not add greatly to the noise measured near the gear unit. 

A more careful test of this same type is shown in Figure 22 where 
readings were made at 34 selected stations in the neighborhood of 
Machine 12. Not enough stations were taken to average-out the point- 
to-point variations, but from these data it appears that the loudness in 
the neighborhood of the generator was about the same as that near the 
gear unit (one of the quieter units). The noise was slightly less in the 
neighborhood of the turbine and still less out in the open part of the 
room. These measurements agree very well with observations made by 
ear and indicate that the D.C. generators are responsible for an ap- 
preciable part of the room noise. Strictly speaking, the room noise 
which was used for correcting the total noise should include that from 
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the adjacent generator. No means were available for driving this gen- 
erator without the gears and since the correction was small and the 
room noise came from a half dozen or more different machines it is not 
believed that this error was appreciable. 

Effect of Microphone Location. While, taking measurements it was 
observed that a difference of an inch or so in the position of the micro- 
phone usually made little difference in the readings. The first two fig- 
ures in Table V indicate that a factor of 2} in the distance from the gear 
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Fic. 22. Total noise measurements (not corrected for room noise) in the neighborhood of one of the 
large gear units showing the effects of room noise. 


case made a difference of about 2.4 db. Table VI shows two consecutive 
sets of measurements taken on Machine 13 with the microphone at a 
distance of 6 inches and 8 inches, respectively. 

These data are identical within the accuracy of measurement so that 
it does not appear that a slight difference in microphone location would 
affect the results obtained. 

Effect of Load. All of the previously described measurements were 
taken at a constant load of 8,000 amperes on the generator, which 
represented about the normal operating loads of these machines. It 
was observed that the load on the gear unit produced a change in the 
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noise in the machine. Accordingly, total-noise measurements were made 
at several different loads for each of the machines. These data are 
shown in Figures 23, 24, and 25. These graphs show no very great 
changes of noise with load. As the load was increased, the noise of some 
of the machines decreased slightly, in others it increased, and in stil] 
others there was no appreciable change. This seems to be fairly repre- 
sentative of the effect of load on gear noise. From this it appears that 
there would probably be slight changes in the order of noisiness of these 


TABLE VI 
EFFECT OF MICROPHONE DISTANCE 








Machine 13—Load 4000 amperes 


Total Noise-Decibels 
Distance of Microphone from Gear Case 











Station 6 inches 8 inches 
1 97.8 97.3 
2 99.3 99.0 
3 97.4 97.4 
4 98.4 98.1 
5 97.1 96.6 
6 95.8 96.7 
7 96.5 96.9 
8 97 .6 96.8 
9 97.0 96.2 
10 94.9 95.6 
Average 97.2 97.1 





gear units if they were compared at different loads. These changes are 
small in comparison with the differences between the quieter group of 
gears and the noisier group. Hence, it did not seem worth while to make 
a more complete study of the effect of load in this investigation. 

Data on Checks of Repeat Runs. Time did not permit the running of 
check runs on the analyzed notes and the room noise readings, but 
the author believes that these readings were sufficiently accurate for 
the purpose of the investigation. This belief is strengthened by a few 
checks which were made on individual readings. In the course of setting 
up the equipment, several readings were taken on the 260-cycle note of 
Machine 2 as this was the most prominent note encountered. The values 
obtained on this note together with those of a couple of other repeat 
runs are shown in Table VII. 
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Fics. 23 and 24. Load-Total Noise curves of large gear units. Not corrected for room noise. 
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These figures indicate that readings on analyzed notes could be re- 
peated within about 1 db., which represents just about the uncertainty 
of measurement due to variations from point to point around the ma- 


TABLE VII 
CHECK BETWEEN REPEAT RUNS ON ANALYZED NOTES 














Machine No. 2 

Date 10/3 10/6 10/6 10/6 10/6 
Time A.M. P.M. P.M. 

Reading (db.) 94 94 92 93 94 
Machine No. 4 No. 6 
Date 10/7 10/7 10/16 10/16 
Time 2335 1:45 A.M. P.M, 
Reading (db.) 88 87 82 83 
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ie) 1000 2000 3000 4000 5000 
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Fic, 25. Load-Total Noise curves of small gear units. Not corrected for room noise. 


chine. A few consecutive repeat measurements on room noise checked 
within 0.1 db. which indicated that little error was encountered there. 

At the time the measurements were made on Machine 4 to determine 
the effects of repairs, check readings were made on several other noises. 
These are shown in Table VIII. 
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The room noise at Machine 2 was about 3 db. less in January than it 
had been three months previously. This was due to the fact that the 
October measurements were taken with Machine 1 in operation while 
the January measurements were taken when Machine 1 was shut down. 
This accounted for the reduction in room noise at Machine 2. The room 
noise at Machine 4 was measured under identical conditions at both 
times and the values checked within 0.1 to 0.2 db., which was very grati- 


TABLE VIII 
COMPARISON OF MEASUREMENTS TAKEN AFTER A THREE-MONTHS INTERVAL 











Stations 1-10 Stations 13-18 Average 

Ma- | sound |_|] AA Ja 
chine Oct. 30 | Jan. ’31 | Oct. ’30 | Jan. ’31 | Oct. ’30 | Jan. ’31 

2 room 93.1 90.8 93.8 89.5 93.5 90.2 

+ room 91.6 91.5 90.2 90.5 90.9 91.0 

5 room 92.7 92.0 92.6 91.6 92.6 91.8 

2 total 97.6 98 .4 94.7 96 .6 96.6 97.8 

2 260 cycles 94 96 — — a — 

5 total 96.1 95.6 96.1 96.5 95.8 95.9 





fying. The room noise at Machine 5 was approximately 0.8 db. less in 
January than it was in October on account of the reduction in the noise 
of Machine 4 which was effected by repairs. The total noise of Machine 
2 showed an increase during this period of 1.2 db. and the 260-cycle 
note, which was the principal source of sound on this machine, increased 
2 db. which was just sufficient to account for the 1.2 db. increase in the 
total noise if the other noises had remained constant. The most careful 
check was made in the case of Machine 5. The average value of total 
noise of this machine checked within 0.1 db., which was a very close 
check, indeed. The consistency of these readings which were taken 
three months apart greatly increased the confidence of the author in 
the measurements taken. 

Summary of Miscellaneous Tests. All of the miscellaneous tests de- 
scribed above were made to determine approximately what effects 
might be expected from some of the various factors which might have 
affected the readings. Time did not permit much study of these factors, 
but all of the results obtained indicate that measurements checked very 
closely enough that the results are entirely reliable, and suitable for the 
purpose for which they were taken. 
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Frequency-Response of Total Noise Meter and Microphone Calibra- 
tion. The individual notes from the machines under test varied from 
69 db. to 94 db. Fortunately the shape of the equal loudness contours 
do not vary greatly over this range, so it appeared that a loudness curve 
of about 80 db. would be quite suitable for the total-noise meter. The 
solid line of Figure 26 shows the combined characteristic of the amplifier 
and microphone as determined by thermophone calibration by the 
author. The solid circles are Kingsbury’s! data for this contour, while 
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Fic. 26. Frequency-res ponse characteristic of soundmeter as used for measuring total noise. 


the dotted and dash curves give Sivian’s field corrections for normal 
and random incidence.’ In the present case the sound came mostly from 
a hemisphere, so it is suspected that the proper correction might lie 
somewhere between the two. It appears that the agreement between 
the actual curve and the theoretical data about as close as one could 
hope to obtain. At any rate it is a perfectly definite relation which can 
be duplicated quite closely if necessary, and it is believed that it is 
suitable to the purpose for which it was used. 

The differences between the sounds produced by the different gear 
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units were so small that it appeared desirable to determine the absolute 
calibration of the microphone within +} db., and to within +} db. if 
possible. Preliminary calibrations indicated that this was a rather dif- 
ficult task, 2nd it is planned to present the results of this phase of the 
work in a subsequent paper. 

Day-to-day variations in microphone sensitivity of the order of +3 
db. were observed, and it was suspected that the similar variations in 
total-noise readings as shown in Table I were probably due to fuctua- 
tions in the microphone sensitivity rather than in the sound. If this 
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Fic. 27. Four different sets of total noise measurements (corrected from room noise) on Machine 5 
showing the nature of the variations in individual readings. 


were true, these variations should have been the same for all stations. 
An examination of the data showed that this was partially, but not 
entirely, the case. Figure 27 shows typical readings obtained at the 
individual stations on four independent runs on Machine 5. Three of 
these runs were taken within a week, and the fourth three months pre- 
viously. It will be observed that all the curves bear a strong family re- 
semblance, but that all the variations cannot be accounted for by shifts 
in microphone sensitivity. As a result, it is concluded that the procedure 
followed at the time of measurement was proper, and that the various 
runs on different days probably tended to average out shifts in micro- 
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phone sensitivity as well as the other variables. No evidence was found 
of long-time changes either in noise or in microphone sensitivity. 

In the event of future measurements of this nature it is planned to 
calibrate the microphone in the field at least once a day, or more fre- 
quently if the occasion appears to demand it. It also appears that it 
would be worth while to obtain a microphone which is less sensitive to 
barometric and temperature changes if this is possible, even though this 
entails a shortening of the life of the microphone. 

Summary and Conclusions. The data herein presented indicate that 
satisfactory noise specifications in terms of physical units can be ob- 
tained for this type of machine. The complicated questions of sound 
quality and the loudness characteristics of the average human era were 
successfully treated in this case by spécifiying the noise in terms of four 
different characteristics. The so-called total noise was obtained by 
means of a microphone-amplifier-indicator system whose frequency- 
response was adjusted to the “equal loudness contour” of suitable level. 
The frequency spectrum of the sound from each machine was deter- 
mined by means of an adjustable electrical frequency analyzer. Cor- 
rections were made for extraneous room noise and all of the data were 
expressed in terms of the sensation level of the equally-loud 1000-cycle 
tone as determined from Kingsbury’s data.’ From this it was possible 
to rate each machine according to four characteristics: the average total 
noise, the largest single note, the combined musical notes, and the un- 
pitched sound. These four characteristics appeared to take account of 
the rather extreme differences in the quality of the sound among the 
different machines. The relative ratings of the various machines accord- 
ing to these four features were in perfect agreement with aural obser- 
vations which could be made quickly by the observer passing from one 
machine to another. It is believed that this same sort of specification 
will be suitable for many types of machinery noise. 

The total noise and the value of each component note varied greatly 
from point to point on the machines. These variations on a single ma- 
chine were considerably greater than the differences between machines, 
and, as each machine showed a different pattern, it was impossible to 
obtain proper relative ratings by measurement at corresponding stations 
on the several machines. Measurements showed that proper relative rat- 
ings were obtained by averaging the values obtained at ten stations on 
each side of each machine. The reading obtained on a given machine 
varied somewhat from day to day, and consequently measurements were 
made on several days to average-out these effects. The noise produced by 
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a given machine was somewhat affected by load. The various machines 
behaved differently in this respect, some showing an increase, some a 
decrease, and others no particular change in the noise for a given change 
of load. In all cases the changes of noise with load were small, and it 
was felt that good relative ratings could be obtained at a single load. 

The range of values represented by the eight large gear units tested 
was 3 db. for the total noise, 12 db. for the largest single note, 6 db. 
for the combined musical notes, and 1.5 db. for the unpitched sound. 
These appear at first to be very small differences, particularly in the 
case of the total noise. On the other hand it was possible to repeat 
average total-noise measurements on a given machine to within a few 
tenths of a decibel even after an interval of several months. The pub- 
lished information on the intensity discrimination of the average human 
ear for pure tones shows that the minimum perceptible difference at 
these levels is about .3 db. as compared to about 1 db. at lower levels. 
This difference, therefore, appears about the same as would one of 10 
db. at more ordinary levels. This latter figure represents a very notice- 
able difference in the case of machinery noises. These measurements 
were checked rather carefully by “back and forth” observations by ear 
and also by comparisons of various loudness differences by ear. It was 
concluded that the data were consistent with themselves, with the 
aural observations, and with the published characteristics of the average 
human ear. The chief difficulty arising from these small differences was 
the question of absolute microphone calibration for specification pur- 
poses. Experiments indicate that the determination of the absolute 
sensitivity of a given microphone at the time of measurements closer 
than +3 db. is rather difficult. On the other hand this accuracy appears 
to be none too great for the purpose, which indicates that the micro- 
phone for such work must be rather carefully chosen and frequently 
checked. 

The frequency analyses of the sound from these gear units showed a 
different set of musical notes for each machine. Considerable informa- 
tion concerning the sources of the noise was obtained by relating the 
frequencies of the observed notes to the movements of different parts 
of the machine. It was found that all of the important notes corre- 
sponded to multiples of the frequencies of rotation at the two pinion 
gears. The important harmonics ranged from the 3rd to about the 20th. 
The rotational frequencies themselves could not be detected nor could 
harmonics of the tooth-contact frequencies. The fundamental tooth- 
contact frequency could be detected on only two of the eight machines, 
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and in both of these cases it was so small as to be entirely negligible. 
This was a very surprising result in that it eliminated the most usual 
causes of gear noise, namely tooth form and errors in adjustment 
which produce tooth-contact notes. No notes whatever could be traced 
to the large gear so that its contribution to the noise, if any, must have 
been in the unpitched sound. This latter sound was not believed to be 
as important as the musical notes because all of the sets showed about 
the same amount of unpitched sound while the louder ones showed much 
larger values for the musical notes. 

It was concluded quite early in the investigation that the musical 
notes were not due to resonances in the machine. Definite support for 
this conclusion was obtained by the repairs which were made to Ma- 
chine 4. These repairs consisted in removing a small amount of material 
from one side of the gear teeth which operation produced an entirely 
different set of notes rather than a simple reduction in the magnitudes 
of those previously present. In as much as every part of the machine 
in which one could expect to find resonance was identical before and 
after repairs, the notes must have been due to errors in the gears rather 
than to resonances in the machine. An excellent agreement was found 
between the frequency analyses and the markings which were found 
on the teeth of Machine 4 when it was disassembled for inspection. 
Groups of spots showing abnormal tooth contact were found spaced 
in groups around the periphery of the opinions which exactly cor- 
responded to the frequencies of the observed notes. From this it seemed 
almost certain that the principal sources of the noise existed in the 
machine on which the gears were cut, and that these errors were in the 
mechanism by which the tooth spiral was generated and the gear blank 
indexed from tooth to tooth. ; 

From this it is seen that frequency analyses of machine noises not 
only furnish an important part of the information necessary for noise 
specification, but that they yield very definite and very valuable in- 
formation concerning which parts of the machine are responsible for 
the various observed noises, and something of the nature of the errors 
which produce these noises. 
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ON SOUND DIFFRACTION CAUSED BY RIGID 
CIRCULAR PLATE, SQUARE PLATE AND 
SEMI-INFINITE SCREEN 


By L. J. StvrAn AND H. T. O’NEIL 
Bell Telephone Laboratories 


Of the three problems named above a complete theoretical solution is 
known! for the case of a semi-infinite screen when the wave front is 
plane. It includes any angle of incidence for which the plane of the wave 
front is parallel to the edge of the screen. For the other two problems no 
theoretical solutions have been given. Both these cases bear rather 
closely on the types of diffraction caused by a number of practical acous- 
tic devices. Hence it was thought worth while to present some experi- 
mental data and to indicate a calculating procedure which though quite 
arbitrary was found consistent with the main observed facts. In the 
semi-infinite screen problem the theoretical solution is restated in forms 
suitable for numerical evaluation. Several graphs showing the sound 
pressure amplitudes in regions of particular interest, are given. 

The three problems are discussed in the following order: 

A—Circular Plate 

A.1—Experimental data for a free plate. 
A.2.—Comparison with computed values 
A.3.— Circular plate closing a long cylinder 

B—Square Plate 

B.1—Experimental data 
B.2.—Comparison with computed values 

C—Semi-infinite Screen 

Numerical evaluation of Sommerfeld’s solution. 

In all cases the quantity investigated is the total pressure ampli- 
tude resulting from superposition of the incident primary pressure and 
of the secondary pressure due to the diffracting object. 

In the experimental work the ideal conditions aimed at are: 


1—A sound field represented by a plane progressive wave 

2—A pressure measuring device (“search transmitter”) so small as to 
cause no appreciable distortion of the sound field, and such that its 
output depends only on the pressure at the point under measurement. 

3—A diffracting plate of zero thickness and perfect rigidity except- 
ing of course case A.3. 

* A. Sommerfeld, Math. Annalen, v. 47, p. 317, 1896. 
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Actually, these conditions were far from realized: 


1—Despite absorbing materials placed on the walls of the box in 
which most of the A and B measurements were made, reflections caused 
material departures from a progressive sound field. They are the prin- 
cipal source of error in our data. In order to reduce their effect the plates 
were placed fairly near the source, (50 cm. from it.) The latter was a 
small, substantially “point” source generating a spherical wave. Hence 
the wave front is appreciably curved over the surfaces of the plates 
which were a 12 cm. diameter circle and an 11.5 cm. square respectively. 

In the outdoor measurements there were practically no reflections, 
but at times the sound field was disturbed by wind action. 

2—The search transmitter is a tube 58.5 cm. long. 0.64 cm. in diam- 
eter. One end is attached to a Western Electric type-394 condenser 
transmitter. The diffracting effect of the transmitter case was found 
negligible. The open end of the tube serves to explore the sound field. 
Obviously, the diameter is not negligible in comparison with the shortest 
wave lengths employed, 2.3 cm. at 15,000 c.p.s. 

3—The plates used were “transite,” 0.64 cm. thick. It was ascer- 
tained that at none of the frequencies employed did elastic vibration of 
the plates cause any disturbance. Also it was found that plates of this 
thickness when placed at right angles to the wave front cause no serious 
distortion of the sound field at the points of measurement. Hence the 
resultant pressure (P) at the plate in this position may be taken as prac- 
tically equal to the undisturbed pressure (P ,) in the incident wave. 

It is thought that the experimental deficiencies were not sufficiently 
serious to preclude a substantially correct picture of the principal 
diffraction phenomena described. Some further comments on the rela- 
tive accuracy of some of the data are given below. 


A—tThe Circular Plate 
A.1.—\ Experimental Data 


A diagram of the measuring arrangement used is shown in Fig. 1. 
The search transmitter tube was mounted with its axis parallel to the 
flat side of the plate, the open end touching the plate. 

The angle between the direction of propagation of the incident wave 
and the inward drawn normal to the surface of the plate is called the 
azimuth angle ¢. The pressure at any point on the surface, the azimuth 
angle being 9, is referred to as Py. The reference pressure is taken as the 
pressure at the same point of the plate when the azimuth is 90°; the 
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ratio of P, to Poo is referred to simply as the pressure ratio. Strictly, 
P.. would be equal to the undisturbed pressure P, in the incident wave 
only if the plate were of infinitesimal thickness. Actually, the difference 
between the two was found to be no greater than 2%, which is small 
compared to the error caused by reflections. The comparison of P, and 
Py at a given point on the plate eliminates the effect of resonance in the 
search tube for any value of ¢ since the plate imposes the same terminal 
conditions on the tube for both measurements. However an error of 
second order magnitude due to search tube resonance remains when val- 


To 
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CONDENSER 
TRANSMITTER 





FIG. 1-A 





ues of the ratio P,/P 9 at different points of the plate are compared, but 
the above mentioned comparison of P 9) with the pressure at the same 
point when the plate is removed, shows that the effect of changes in the 
terminal impedance of the search tube due to various relative positions 
of the search tube and plate is small in comparison with the error due 
to reflections. 

The output of the search transmitter is not determined by the pres- 
sure at a single point, but depends on the entire field near the open end 
of the tube. In general, the average (effective) pressure in this region 
will correspond to the pressure at a point on the axis a short distance 
beyond the end of the tube. That distance has been taken here to be 
0.8 of the inside radius of the tube. The use of this correction for the 
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position of the end of the tube has been found to restore fairly good 
symmetry between observations for different points at equal distances 
from the center of the disk where the direction of the search tube with 
respect to the center differs for the several points. 


Normal incidence 
Pressure on the Side Facing the Source—(Fig. 2) 

The quantity plotted is the ratio |P/P,| where P is the pressure 
measured at a point on the plate and P, =P» is essentially the undis- 
turbed primary pressure. The ratio |P/P,| is plotted as a function of 
frequency from 500 to 15,000 c.p.s. Denoting D=2a=plate diameter, 
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Fic. 2. Disk, 12 Cm. Diam.: Pressure vs. Frequency. 0° Azimuth. Normal Incidence at the 
Center. 


\=wave length, and k=27/i, the observations cover the range ka 
=0.55 to ka=16.5. The variation of |P/P,| with frequency is shown 
for the center of the plate and for points 1.5 cm. and 3 cm. away from 
the center. Perhaps the outstanding point about these curves is the 
way |P/P,| at the center varies with frequency. The action of the 
circular plate is quite different from that frequently thought of in 
connection with a baffle. The latter is ordinarily pictured as causing no 
change in | P/P,| =1 for 4D<1; causing a gradual increase in | P/P,| 
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from 1 to 2 as kD increases, say from 1 to 6; and maintaining | P/P,| =2 
for all values of kD>1. The fact that at some frequencies the measured 
|P/P,| <1 is thought to be largely attributable to the difference be- 
tween our experimental conditions and the ideal ones stated above, 
but the cyclical (with frequency) variation of | P/P,| at the center of the 
plate between 3 and 1 probably represents the true diffraction effect 
of acircular plate. We shall return to this in section A-2. 


Pressure on the Side Away from the Source 


The values of |Piso/P,| as a function of frequency are shown for 
several points on the plate (see Fig. 3). Curve N was obtained outdoors 
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Fic. 3. Disk, 12 Cm. Diam.: Pressure vs. Frequency. 180° Azimuth. Normal Incidence at the 
Center. Curve N-Pressure at center of disk of 45.7 Cm. Diam. (180° Azimuth); Frequency 
adjusted to make diameter-wave length ratio same as for 12 Cm. disk. 


for a 45.7 cm. diameter disk, 442 cm. from a small source; all the 12 cm 
disk data in this paper were taken inside an absorbing box. Perhaps the 
most interesting curves are those for the center. The essential point 
is that there is no shadow at the center, a condition analogous to the 
optical “bright spot” on the axis of a circular disc on the side away from 
the source. This conclusion is in accordance with the computation in 
A-2. The departure of | Piso/P| from unity shown at lower frequencies, 
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say up to 5500 c.p.s., is thought to be essentially correct; the departure 
at the higher frequencies may be largely due to experimental errors. 
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Azimuth Characteristics 

The effect of the angle of incidence on the pressure at the center of the 
plate is shown in Fig. 4 for a number of frequencies. In general, the 
larger the observed values of | P,/P,| the more reliable they are. This is 
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Fic. 4. Disk, 12 Cm. Diam.: Pressure vs. Azimuth at the Center. 
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because there is less possibility of their being seriously modified by 
spurious reflections. Such deep dips in the |P./P,| values as are shown 
say in the 11,000 c.p.s. curve, may be considerably in error as to the 
magnitudes of the dips; their location in the azimuth scale probably is 
fairly correct. 


A.2.—A pproximate Calculations for a Circular Plate 


Consider the case of a rigid plane surface S of infinitesimal thickness 
in the field of a plane sound wave as shown in Fig. 5. The velocity po- 
tential at any point P may be considered as the sum of the primary 







Nj dS=rdrd8 


Fic. 5. 


potential ©, = Boe*“*-**) due to the incident wave alone, and a velocity 
potential ®, due to a virtual vibration of the surface S, now permitted 
to flex, with a velocity at every point equal and opposite to the normal 
component of the particle velocity in the incident wave at that point. 
The assumed velocity (neglecting the harmonic time factor) at a 
point Q is 


u = ik-cos o: By e~**@’— sing cos 8) (1) 


where z’ =z cos 9; ¢ is the azimuth angle previously described; z is the 
distance of P from the plane of S; and r is the distance from Q to P’, the 
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projection of P on the plane of S. The line @=0 drawn on the surface § 
through P’ is perpendicular to the equipotential line through P’ in the 
incident wave, and is drawn from P’ toward that part of the surface 
nearer the source. When ¢ = 0 the position of the line @=0 on the surface 
S becomes arbitrary. 

The calculation of the secondary potential d®, at P due to the assumed 
vibration of an element of surface dS including the point Q, requires 
the solution of Poisson’s equation which will satisfy the boundary con- 
ditions imposed by S. No such solution is known for the case in hand 
and we arbitrarily take the secondary potential to be the same as if the 
disk were in an infinite wall. Then 


u-dS - 
d®, = e~*ke, where p? = r? + 2? (2) 
2rp 





and the total secondary potential at P is to be obtained by integrating 
equation (2) over that side of S which faces P. The contribution to the 
secondary potential from the opposite side of S is neglected. Obviously 
such computations can at best apply only to points near the center of 
the disk. The total secondary potential at P is given by: 


al R r-dr-d0 
@, = yik-cos ge f e—ik(p—r-sing -cos 6), __ 
0 0 2rp 





where R is the value of r at the boundary of S. The ratio of the total 
pressure at P to that in the incident wave alone is: 


P © ey il ee dp-d0 
Se ee ea 1 aa ik-cos ob: eth f J e—ik(p—r -sing -cos 8) ‘Seaiecaidais (4) 
Fe ?, 0 z Qr 


where Ry =\/r?+2? 
At the surface of S which is nominally where the pressure measure- 
ments were made, z=0, p=r, Ri= Rand: 





P cos@ 27 1— e—tkR(1—sing -cos 6) 
+ f bay dscasninssaatbe 
P» 2a 0 


dé. (5) 
1 — sin ¢-cos 8 

When the boundary of S is circular the integral in equation (5) can be 
evaluated by expanding the integrand as an infinite series. For normal 
incidence (¢ =0 or 7) the series consists of terms which are products and 
ratios of gamma and Bessel functions. The numerical work attending 
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the evaluation of the series, however, is too great to be warranted by our 


applications.’ 
For a point P at the center of the circular plate (R=a), and for any 


angle of incidence: 





P cos } S 
— =i+ | = git doeui“w"J .(ka-sin 6)| (6) 
Ps NV j= sin* @ u=0 
where 
1—/1 — sin?¢ | 
.=— —y» é€) = 1, and e, = 2 when u +O. 


sin } 

One case of special interest to us is that of P at the center and ¢=0 or 
r, i.e. normal incidence. This may be treated as a special case of equa- 
tion (6) but it is simpler to proceed directly from equation (5), which 
gives 








re 

arg cos : — e-ika 

P» 

a a (7) 
tt = 2 — etke. — e~tke 

P, P, 

whence 

Po sigonenatiapeasiincage P80 - 
—|= v5 — 4 cos ka and = 1. (7a) 
P, > 





The values of the pressure ratio in equation (7) are shown in Fig. 6(A) 
for a disk 12 cm. in diameter. A large part of the discrepancy between 
these values and the observed values (Fig. 2) may be shown to be due 
to the finite radius of the search tube used in the experimental work, 
which means that the effective pressure measured corresponds to that 
at a point slightly in front of the plate rather than at the surface. Values 
of the pressure ratio at various points on the normal to the surface at 
the center can be readily obtained from equation (4) in the case of nor- 
mal incidence. This leads to: 








Po P +180 
= = + e7izke _ g Behe) — = e~tk(e,—s)- 
p Pp 
P, ? - aes 
— |= V5 — 4(cos ka,-cos kz + sin? kz), tie 











* Extensive computations for a piston vibrating in an infinite wall have appeared in a num- 
ber of papers, e.g., McLachlan, Proc. Roy. Soc. London, 122-A p. 604, 1929; Backhaus, Ann. 
Physik, 5, p. 1, 1930; Ruedy, Can. Jl. Research, p. 297, 1931. 
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where a,;=+/a?+2?. The pressures computed at a point 0.32 cm. from 
the surface of the plate (consistently with the assumption made above 
in the third paragraph of section A.1) are shown in Fig. 6(B). 
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Fic. 6. Disk, 12 Cm. Diam.: Pressure vs. Frequency. 0° Azimuth. Normal Incidence at the center. 
Curve A—Computed pressure at the center. Plane primary wave. 
Curve B—Computed pressure on the central normal .32 Cm. from the surface. Plane primary 
wave. 
Curve C—Computed pressure on the central normal .32 Cm. from the surface. Source 50 Cm. 
from the center. 


Curve K—Observed pressure—center of 111 Cm. Diam. Disk. Source 570 Cm. from the center. 
Frequency adjusted to make diameter-wave length ratio same as for 12 Cm. disk. 


A still closer agreement between the observed and computed values 
may be obtained on taking into account the curvature of the wave 
front over a 12 cm. plate placed 50 cm. from a small source. A deriva- 
tion similar to that given for plane waves leads to 























Po 1 _— a —— 
?, a 4+C,2—4[C.—(1—o?)-sin? ke] 
P 180 Cy 
P,  j—e 
where C2 = C,[cos kz-cos kA; — o sin kz-sin kA; | 


and L=distance from the plate to the source, c=2/L, L=VL+e, 
C,=1-—a,/l,, and A,;=a,+L,—L. Curve C in Fig. 6 shows the values 
of P/P, for z=0.32 cm. and L=50 cm. With these two corrections ap- 
plied it is seen that the computation adopted is fairly consistent with 
the more outstanding diffraction effects observed, as shown in Fig. 7. 
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A few measurements made outdoors further support this computa- 
tional procedure. In this case a round plate, D=111 cm., ¢=2.5 cm., 
at L=570 cm. from a small source was used. In the center of the plate 
and flush with it was a Western Electric condenser transmitter, dia- 
phragm diameter 4.28 cm., which served to measure pressures at the 
center. The ratio |P/P,| was determined only at the center, with 
normal incidence, for frequencies between 500 and 700 c.p.s. The meas- 
ured values of |P/P,| are superposed on the computed values for the 
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. 0 2000 4000 6000 8000 10,000 12,000 14,000 
FREQUENCY 
Fic. 7. Disk, 12 Cm. Diam.: Pressure vs. Frequency. Normal incidence at the center. Source 


50 Cm. from the center. 


Curve C—Computed Pressure on the Central Normal .32 Cm. from the center. 
Curve D—Observed Pressure. 


12 cm. circular plate, in Fig. 6(K). Corresponding points are those for 
which D/d is the same for both plates. 

With the 111 cm. plate the curvature of the wave front over its di- 
ameter was smaller than for the 12 cm. plate. Also the pressure measured 
came nearer being the pressure at the surface of the plate. It is seen that 
the few points available are nearer the computed values (Fig. 6-a) than 
are the corresponding points for the 12 cm. plate (Fig. 7, curve D). 

Another set of outdoor measurements is shown in Fig. 7-B. In this 
case also the curvature of the wave front and the dimensions (relative 
to the wavelengths used) of the search transmitter were smaller thanfor 
the 12 cm. disk. It may be noted that the measured values do not show 


the systematic departure downward from the computed curve which was 
observed with the 12 cm. disk. 
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We have seen that for normal incidence of a plane wave our computa- 
tion gives the pressure ratio | Pis0°/P,| at all points on the plate axis to 
be independent of frequency and very nearly equal to unity. In a large 
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Fic. 7-A. Curve C—Disk, 12 Cm. Diam. Computed pressure on axis .32 Cm. from the center. 
Source on the axis 50 Cm. from the center. 


Curve L—Cylinder, 12 Cm. Diam. X62.1 Cm. Long. Observed pressure at center of end of 
cylinder. Source on the axis 51.7 Cm. from the end. 





Fic. 7-B. Disk. 12 Cm. Diam.: Pressure vs. Frequency. Normal incidence at the center. 
Curve A—Com puted Pressure at the center. Plane primary wave. 


Points M—Observed pressure—center of disk, 45.7 Cm. Diam. Source 442 Cm. from the center. 
Frequency adjusted to make diam.-wave length ratio same as for 12 Cm. disk. 


measure, this, too, is consistent with the observed values in Fig. 3, 
curves A and JN. 
The discrepancy between observed and computed values at low fre- 
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quencies, say up to 5500 c.p.s. is largely due to the assumptions on which 
the computation rests. 


A.3.—Circular Plate at End of Long Cylinder 


The computation of the secondary potential at the center of the front 
surface F of a disk as given in section A.2.; chiefly depends on two arbi- 
trary assumptions: (1) the effect of the rear side, R, of the disk is neg- 
lected; (2) the effect of the front side is treated as though it were sur- 
rounded by an infinite rigid wall. Suppose now that F and R are placed 
at the ends of a long rigid cylinder as shown in Fig. 1 the pressure again 
being measured at the center P of the end F facing the source. Assump- 
tion (1) is now much more closely realized because of the relatively large 
separation RF. Assumption (2) is slightly better satisfied than in the 
case of the thin disk. The cylindrical surface alone would cause no 
secondary radiation when placed parallel to the particle velocity of the 
primary wave, a condition only approximately realized in our experi- 
ment. 

The cylinder used was 62 cm. long and 12 cm. in diameter. The ob- 
served pressures are plotted in Fig. 7-A. The agreement between ob- 
served and computed values is seen to be rather than for the thin disc 
data in Fig. 7. 

B—The Square Plate 


B.1.— Experimental Data 


The measurements were made in a manner quite similar to that for 
the circular plate. They were limited to the center of the plate. The 
values of PoP, and Pis0/P, are shown in Fig. 8 and Fig. 9. The chief 
difference between them and the corresponding quantities for the circu- 
lar plate is: 


1—On the side facing the source the amplitude of the cyclic varia- 
tions of P,/P,, decreases more rapidly with increasing frequency. 

2—On the side away from the source there is a distinct tendency to- 
ward shadow formation which becomes more pronounced with increas- 
ing frequency. 

In connection with (2) it is to be repeated that in all this work experi- 
mental errors due to reflections in general tend to make the observed 
pressures too high at those frequencies for which low values of Pis0/P > 
would be found under ideal conditions. 

Fig. 10 shows the azimuth characteristics for two frequencies: 7000 
c.p.s. and 10,000 c.p.s. The axis of rotation is through the center and 
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parallel to one side of the square. The pressure magnitudes at the dips 
again must be regarded as uncertain due to the errors mentioned above, 
Their location in the azimuth scale probably is correct. 


B.2.—A pproximate Calculations for a S: quare Plate 


The analytical solution of equation (5) for more general cases than 
the one treated above in connection with a circular plate is very labori- 
ous. A graphical method has been found more effective. It will be illus- 
trated in computing the pressure ratios |Po/P,| and |Piso/P,| for 
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0 2000 4000 6000 8000 10000 12000 14000 
FREQUENCY 
Fic. 8. 11.5 Cm. Square Plate: Pressure vs. Frequency at the center. 0° Azimuth. Normal incidence 
at the center. 
Curve E—Observed pressure. Source 50 Cm. from the center. 
Curves F, G—Computed Pressure. Plane primary wave. 
Curve F—M agnitude. 
Curve G—Phase. 
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normal incidence (¢=0) at the center of the square plate. Essentially 
the problem is to evaluate: 


2r ’ A ie 2a 
ekROdQ = Die-ikRO)).A9, where AO = — - 
0 j=l ? 


Let P be the point on the plate at which the pressure is to be determined. 
Now on polar coordinates draw a number of concentric circles of radii 


SUSRSaRAHGaR ees 
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"a REQUENCY 
Fic. 9. 11.5 Cm. Square Plate: Pressure vs. Frequency at the center. 180° Azimuth. Normal inci- 
dence at the center. 


Curve H—Observed Pressure. Source 50 Cm. from the center. 
Curves, I. J—Computed Pressure. Plane primary wave. 
Curve I—M agnitude. 

Curve J—P hase. 


0.1A, 0.2A - - - 0.9A, A, 1.1\ - - - up to as many J as the maximum value 
of R, the maximum distance from the point P to the boundary of the 
plate. On this system of circles which is drawn concentric with P, is su- 
perposed the boundary of the plate. For any value of @ read off R(@) in 
decimal fractions of \. This at once gives the angle of the unit vector 
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e~**R(® The integration then consists of drawing successively unit vec- 
tors at angles determined as above. Their resultant is the integral re- 
quired, both as to magnitude and phase. Practically, it is preferable to 
select the integration intervals on the basis of equal increments in the 
angle kR(@) rather than equal increments in @. In that case, of course, 
the vectors making up the polygon are not all of equal length. The lengih 
of each is proportional to that increment of 6 which is required to pro- 
duce the fixed chosen increment in kR(6). The result of such graphical 
integration is shown in Fig. 8 and Fig. 9. This is done for normal inci- 
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Fic. 10. 11.5 Cm. Square Plate: Pressure vs. Azimuth at the center. 


dence of a plane wave at the center of the plate. If allowance were 
made for the finite dimensions of the search tube and for the curvature 
of the wave front in the experiment, a better agreement between ob- 
served and computed values for Po/P, and for Pis0/P, would be ex- 
pected. 

For angles of incidence other than normal, each of the above circles 
is transformed into an ellipse. The point at which the pressure is to be 
determined is the focus of the family of confocal ellipses: 


R(1i — sing. cos @) = constant. 


The remainder of the procedure is the same as before. 
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C—Diffraction of a Plane Wave by a Semi-Infinite 
Plane Sc¥een 


As already mentioned, a rigorous solution was first given by Sommer- 
feld. We shall follow the solution given at a later date by Lamb.* The 
purpose of this section is to present the.solution in a form suitable for 
numerical evaluation and to give a few examples of such evaluation. 


iv=t,hu= > 
H,= elt + $ evikys 


PLANE WAVE COMPONENTS 
FOR a= 
H(k p)=H; (ky;)eikm = hel(t +h) 
helt = hy eikys + hyentkys 
Xy=X Sin Oe, Yy=y COS & 





Fic. 11. Diffraction by semi-infinite screen : Co-ordinate systems. 


The rigid screen is assumed to occupy the half of the XZ plane in 
which x=0; i.e. if re’? =«+iy, the two surfaces of the screen are repre- 
sented by the planes 9@=0 and @=27. The wave front of the incident 
(primary wave) is assumed parallel to the edge of the screen. The direc- 
tion of propagation of the wave makes the angle @=y with the screen. 


* H. Lamb, Proc. London Math. Soc. (2), t. IV, p. 190, 1906. 
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The angle of incidence then is a=327/2—y as shown in Fig. 11. Ac- 
cordingly, normal incidence corresponds to a = 0. 
Let the primary velocity potential due to the incident wave be: 


@, = citer = eikr-sin (Ota) = gik(r-sinaty-cosa) — gik(2y+u,) 
and the resultant potential: 

b’= 6,4. 
We require the solution of the wave equation 

vw + kw =0 (8) 
which satisfies the boundary condition 

av ae, 


en! te (9) 
Oy oy 





at the surfaces of the screen (0@=0, 0=2r). 
As shown by Lamb, the problem is most simply treated by using 
parabolic coordinates 


£, + im = V kr era) /2, Fo + ing = V kr e6(G-a) 12, 
In terms of these 


W = [f(o) — sei + [f(u) + Be (10) 


where p; = r-sin (6+ a) = xsina+ ycosa = %1+ V1 | 





p2 = r-sin (0 — a) = yi — M1 
i+: 7° i+: f* . 
fo) = = fears fw) = = fe atas 
V2r Jo V 20 Jo 
(11) 
by + Thr -si (=* +=)» 
.= = V Z2kr-sin — 
1 m1 ) 4 
: re (° —@ ~~ “) 
u = £ — ne = V 2kr-cos| —— + — 
2 N2 Vv ) 4 
where for a wave coming from a given direction a is constant 
Let 
z, = v? = kr[1 + sin (0+ a) | (12) 
Z, = uw? = kr[1 — sin (0 — a) | 


‘ There appears to be an error in Lamb’s paper where 2 is given as; v= +72 
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Then 
1+ 27 f e’-dw 


2 0 Vv Qrw 


fv) = + 








(13) 


II 
ie 


eed [C(z) — iS(z) | 

2 
where the plus sign goes with »>0 and the minus sign with v <0, and 
where C(z) and S(z) are Fresnel integrals. 

This is the complete solution but in a form difficult of quantitative 
conclusions. The rest of this section is to give the solution in the form 
of relatively simple approximations which apply to particular regions 
in space. It is convenient to base the division of space on the values 
assumed by 2, and z,. The surfaces z,=v?=1 and z,=u?=1 are para- 
bolic cylinders (Fig. 11) which are images of each other in the plane y =0. 
Their axial planes are the planes z,=0, z.=0 or 0=3r/2—a=yp and 
§=1/2+a=v», respectively; they extend from the edge of the screen 
in the directions of propagation of the waves e‘**! and e~‘*», respec- 
tively. Let the regions between the planes 9=0, 0=v, 0=7, 0=un, 
§=27 be designated the first, second, third and fourth “quadrants,” 
respectively. These “quadrants” will correspond to the usual sense of 
the term in the case of normal incidence, i.e., when a=0. Also let the 
regions bounded by the two parabolic cylinders be designated A; B, C, 
D as in Fig. 11 so that: 


ma: OCG <h, 0<2%,< 1 


in B: S, > I, >t 
m ¢: a5 > 1, 0 <a <1 i 
inD: 0<3, <1, sate 1 j 


From eq. (11) it is seen that »>0 in the first three quadrants, »<0 in 
the fourth; while «>0 in the first quadrant and wu <0 in the other three. 

The justification for this division of space is that evaluation of y as 
given by equations (10) and (13) can be done in a more instructive fash- 
ion by means of series expansions of the Fresnel integrals rather than 
by the use of numerical tables given for them. The convergence limits 
of these expansions (in terms of z, and z,) dictated the space boundaries 
here adopted. 
When z>1, 
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C(z) 5(2) 1-3 ta hiaiai 
‘(z) — iS(z) = —— — e~ile-a 
2 \/ 242 
where a = 1 — —- - (14) 
1 37 | 
2S 
22 2428 
When 0<z<1, 
Is 
C(z) — iS(z) = \/— a’e~ ia’ 
T 
2 
where a’ = 1—— 2?+--- (15) 
45 
1 8 
of = —z — —-234+.---, 
3 2835 
From equations (10), (11), (14) and (15): 
® = (h, + R,e*)e**1 + (hy + Ryetu)e ther 
ain (16) 
= H(kp) + F(v kr) 
where 
; v 
Rie = —iee when v? < 1 
VT 
, dy ; 
R,ee = — ng tayteiew) when ge > I 
20 © 
H(kp) = hye**e: + hye~ tke (17) 
F(V kr) = Vi kr) + U(V kr) = Rei(et he) 
VV BR eeiertbo; U(a/Br) = Ryeilotn 
Ret _ R,e*eotkuy) ao R,e*(eu- ku) 
h, = 0 when 9<—1 
h, = 4 when —1<0<1 D (17) 
h, = 1 when v>i1 ) 
Now let: 


H(kp) = hei(r+¥2) = Hy(ky,)e*** 





(7) 





where 


h 
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= Vh.2 + hy? + 2h,h, cos 2ky, 


h, ae hy 
tan~! (- ra ac tan ky). 
3 3 





Then the function H;(ky,) takes on the following values 



































QUADRANTS 
Region 1 , 2 | 3 | 4 
— A cos ky; cos ky; cos ky, a cos ky, 
— C h.e*¥ h.e*¥ — — 
onsite D —_ ci Aeikvy Lesky 
— B 2 cos ky; etkui eikui | 0 
where 





——— 
hk, = /~ + cos 2ky1, ye = tan—'(3 tan ky;) 


The various forms of F(./kr) may be summarized as follows: 


F(Vkr) = V(Vkr) + U(W kr) = Ryeieottod + Ryei akon) 
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v ee F u ; F 
A —=,,' ei ((F/4)—90 +kP,) —=a,,'e*(F/4)- eu —kP») 
VT VT 
dy : dy sit ahd 
B a —e~ilkr+(*/4)—Fv) = =e ilkr+(*/ 4)—-Cu) 
20/4 2ur/a 
Ly u , 
€ _— oiler +(/4)-0v) —a,,'e*((F14)— Fu’ —ke 2) 
20/7 /r 
v , du 
D —a,'ei((F/4)—o0' +key) — g~ilkr+(/4)—eu) 


” Qan/a 





Since v = \/2kr-sin|(@+a)/2+7/4] and u=4/2kr- cos|(@—a)/2+7/4] 


the functions V 2(./kr) and U »(./kr) give rise to a potential which, for 
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Z.>1 and Z,>1, approaches cylindrical radiation from a line source 
at the edge of the screen. In any one direction the potential is nearly 
inversely proportional to the square root of the distance from the edge 
but its magnitude depends on the angle 6. In the rest of space F(./kr) 
is a complex function of r and 6 which, if values of z very close to unity 
be excluded, consists of approximately plane and approximately cylin- 
drical components. 

In the B-part of the fourth quadrant, F(./kr) represents the total 
potential since there H (kp) is zero. 

As kr approaches 0 or ©, F(4/kr) approaches 0. Hence the total 
potential then is represented by the function H(kp), the sum of two 
strictly plane waves with wave fronts parallel to those of the waves 
eke and e~ ter, 

In the region B, V(./kr) and U(,/kr) may be combined into a single 
cylindrical wave: 








_— X (0, a) 
Fa(vV/ kr) = —— ape-i(kr+*/4—og) 
V «kr 
where 
6 ( a ‘ =) 
coe"*4 Coa" + sin — 
2 2 2 
X(6, «) = — 
cos@+ sina 
a = 1 —_ 
° 8N4(kr)? 
2M —N 
a es Ss. t FS 


2N2kr 
M =1+sina-cos#, N = cos#+ sina 


The Sound Pressure at the Quadrant Boundaries 
The following notation will be used 


He) | = hee*(retkry) 


6 


Pw) | = Reet kr) 
) 


The plane 0=7. Here y=0, x=—r, v= /2kr-sin (a/2+32/4) = —u. 
Hence 


20M? — 8MN — 7N? 
Ss: 


he‘? = 1, R,e** = — Rye*, Re** = 0 
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and equation (16) reduces to 


?, = gikr, = *, | 


6=r 


for all angles of incidence. This was to be expected since in the plane 


6=7 the effects of opposite sides of the screen are neutralized. 


The surfaces of the screen, 92=O0 and 0=2r. In both cases y=0, x=r, 


7 =0, v=+4, 2, =2.=kr (1+sin a) =20. 


Since 
ee F a T _—— 
Von? = VO = DW 2kr-sin 2 ob 4 = V/ Zoe 
and 
eee a Sr he 
Venter = Vor = ¥V 2kr-sin har = — V/% = — 0% 


we have from equations (16) and (17); 
Py = (he + Roee’*0)e**r ‘sina 
where 


Roe**® = 2Re| 
v=Vv9 


Ro e'*x = 2R.ei | = — Ryei® 
When 2o<1, 
ho = ho» = 1 
2 Z9 2 
Ry = — Ray = ({—a,') = 24/ (1 - =e + ) 
VT — T 45 
T T 1 
€o = €33 = —-—4¢,’ eaug Ba — ees. 
4 + 3 
When zo>1, 


ho = ae hoy = 0, 


Ry = le Rox = | = 
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The planes 0 = and 6 =» (Fig. 11) 
When 6=v=7/2+a:2,=2,, 2.=0, v=+/3,, u=O and ky, =32,; 


3a 
when 6 = p = it aiz,=0, = %, v= 0,u=—/2,, and ky, = —3z,; 


where z, = kr(1 + cos 2a). 


In both cases, kx, = —kr-sin’a. Since R, =0 when v =0, and R, =0 when 
u =0, it follows from equation (17) 


Rye’ _ Re | _ Racor 
Ov v= “2, 


R,e** = Re’ | = Reeser | 
6 


= u=—/— 
z 


Hence when 6 =u or 0 =p 
$= (he*y + Reie)e—ikr-sin*a 
When z, <1: 


h, = h, = cos 4%; ¥, = ¥» = 0; 


R R ; : | 4/ “(1 7 a +} ) 
y =—_lc = ——— ¢ v = a —_—=— g o-é 9 
‘ /\r v=Vz, T 45 ° 


1 T ‘ 7 1 
& = & er — Gy ao ee ae 








Zu 6 
When 2, >1: 
ay 1 5 
20\/ 4 v=vz, 2V TS, 8z,” 
‘ | 4 T ] | 4 T 1 ‘ | 
€ = & = $2, — | 2p + — — Oy =—i—s — a as 
ee is 4 — _ 4 2%, 


zy 


i 
h, = /~+ COS Z,, hy = } 


Su 


1 
Y, = tan7! (— tan =) Yu = — 3%. 
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| Curves Showing Effect of Screen on Sound Pressure 
From the above formulae the resultant pressure can be computed at. 
any point in space (r, @) and for any angle of incidence (a) provided the 
| wavefront is parallel to the edge of the screen. Particularly interesting 
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Fic. 12. Diffraction by semi-infinite screen: Normal incidence (a=0). 
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Fic. 13. Diffraction by semi-infinite screen: a=x/4. 
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are the values of pressure at the surface of the screen. Fig. 12 represents 


the case of normal incidence. The abscissa is kr =2rr/ where r is the 
distance from the edge; the ordinate is the ratio of the resultant pressure 


to the incident primary pressure. In addition to the values at the two 


24 
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Fic. 14. Diffraction by semi-infinite screen: a=—7x/4. 
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Fic. 15. Diffraction by semi-infinite screen: a=x/2. 
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ts screen surfaces (9=0° and @=360°) the pressure ratios are shown for 
he several other planes in the fourth quadrant. 

ire Fig. 13 and Fig. 14 give the pressure ratios for the two 45° angle inci- 
wo dences. Fig. 15 is plotted for the grazing incidence angle a=90°. This 
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Fic. 16. Diffraction by semi-infinite screen: Pressure on “Quadrant” Boundaries. 


case can perhaps be visualized as representing the effect of the screen 


upon the sound field due to a simple source situated on the @=0 surface 
at a large distance from the edge. Fig. 16 and Fig. 17 give a more general 
plot which holds for any angle of incidence. The latter is included in the 
F i ae ey ae u | ie 
: | | = 
16 


20 24 
2,= ke (1+ cos 2a) 


Fic. 17. Diffraction by semi-infinite screen: Pressure on “Quadrant” Boundaries. 
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generalized abscissae: 29 =kr (1+sin a) and z,=kr (1+ cos 2a), respec- 
tively. The pressure ratios are shown for 6=0, 6=27 and for the plane 
§= which is parallel to the direction of propagation of the primary 
wave, and for the plane @ =» which is the image of the plane @ =u in the 
plane of the screen. 

It may be noted that for @=y the pressure decreases continuously as 
the distance from the edge increases while for 6<y the pressure goes 
through maxima and minima as ¢ increases. 











LOUDNESS AND INTENSITY RELATIONS 


By 
Lioyp B. Ham, Physics Department, New York University 
AND 
JouN S. PARKINSON, Johns-Manville Corporation 


Noise is primarily a psycho-physical problem, since its principal im- 
portance to both physicists and engineers lies in its reaction upon the 
human organism. Such being the case, it becomes of interest to discover 
precisely how the human organism reacts to noise and express these re- 
actions quantitatively. 

As a first approach to the problem it was decided that a study of 
judgements of relative loudness would be desirable. The annoyance 
factor of a noise is unquestionably closely related to the apparent loud- 
ness. Unfortunately all of the noise scales at present in use depend on 
physical quantities, and make no attempt to indicate relative loudnesses 
in other than an arbitrary fashion.! 

A survey of previous work on the subject gave little or no informa- 
tion. Accordingly, a series of experiments were undertaken with un- 
trained observers to see what sort of data could be obtained. The pre- 
liminary results (reported before the Acoustical Society in May 1931) 
were so encouraging that a complete experimental program was formu- 
lated. 

SUMMARY 


The investigation was designed to supply answers to the following 
questions: 


1. Is the human auditory organism so constructed that it can judge 
the loudnesses of two sounds? 

2. If such judgments prove to be possible, to what degree of accuracy 
can they be duplicated by different observers and at different times? 

3. What is the determining factor upon which such judgments are 
based? 

4. Do these judgments vary with frequency? With intensity level? 

5. What type of noise scale best represents these judgments? 

The results indicated not only that all persons made judgments of 
relative loudness readily, but also that these judgments were similar 


1 The decibel scale, although sometimes known as a “loudness scale,” actually is based on 
logarthmic energy increases which represent approximately equal increments in loudness. 
Decibel levels do not represent relative loudness, as will be shown later. 
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and surprisingly reliable. It was found that the results could be ex- 
pressed in general form by the equation mL =a+ be" where mL repre- 
sents the multiple change in loudness, a and 6 are constants, and x is 
the difference in the levels of the sound expressed in decibels. Analysis 
of this equation indicates that it bears a similarity to the Weber- 
Fechner law but carries the results to a closer approximation. 

As nearly as could be determined by the experiments, the relation 
stated above holds regardless of intensity level or frequency. 

None of the existing units of sound measurement appeared satisfac- 
tory to express these results. A new scale is suggested in the data fol- 
lowing. 

HISTORY 


The most generally accepted theory dealing with the subject matter 
of this study is, of course, the Weber-Fechner law. The Encyclopedia 
Brittanica gives the following statement of this law: “The difference 
between any two stimuli is experienced as of equal magnitude in case 
the mathematical relation of these stimuli remains unaltered.” Fechner 
himself gives a more abbreviated form—‘“The sensation increases as the 
logarithm of the stimulus.” It is to be noted, however, that not only 
in the original studies which resulted in the formulation of this law, but 
also in the more recent researches of the Bell Telephone Laboratories, 
the experiments in all cases dealt with least perceptible increments or 
decrements. It is not necessarily true that the steps in a scale of least 
audible increments are equal to one another in sensation. Neither is it 
necessarily true that a sound made up of, say, 50 such increments above 
the threshold of hearing, would produce exactly twice the sensation 
that 25 increments produced. In other words, it seems illogical to ex- 
tend the scope of the Weber-Fechner law to cover all problems of rela- 
tive loudness where the stimuli differ widely. 

Two English psycholgists,—Richardson and Ross, published (Journal 
of General Psychology, April 1930) the results of a series of experiments 
conducted along lines similar to those employed in this discussion. The 
technique employed, however, differed slightly in that single observers 
were employed and the sound to be judged was heard through a head- 
phone, instead of being generated in a steady state condition through- 
out the test room. These authors showed that for a considerable varia- 
tion in level the logarithm of the mental estimate ratio of loudness was 
directly proportional to the logarithm of the current ratios in the 
phones. 
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So far as the authors have been able to discover, there has been no 
other published work? on this subject. An almost universal opinion 
prevailed among those who were doing noise reduction work that ratios 
of decibel levels did not represent multiple loudnesses, but it was im- 
possible to discover any definite criterion. 


PLAN OF EXPERIMENTS 


In all experiments observers were given a reference tone of fixed en- 
ergy level, and then asked to record their judgments as to the relative 
loudness of another tone, called the comparison tone, having a different 
decibel level. The tones were generated by a Western Electric 201-A 
reproducer set from records of various kinds. The tones thus produced 
were amplified through a high quality amplifier and reproduced by an 
electro-dynamic loud speaker. Levels were controlled by an attenuator 
introduced into the circuit. In the tables given later an attenuator set- 
ting of zero represents the maximum amplification, and any settings 
other than zero represent reductions from that maximum. 

In the majority of tests the overall loudness of the sound in the room 
was checked by an acoustimeter with condenser microphone pickup. 
Previous to the experiments the accuracy of the attenuator and the 
response of the entire apparatus were checked against the acoustimeter 
readings of room levels. 

Three types of sound were employed: warble tones, single frequency 
tones, and room noise recordings. These were all obtained from Bell 
Telephone Laboratories’ records. 

In the preliminary experiments members of the Johns-Manville 
sales organization were used as observers. While these judgments were 
comparatively reliable, one or two instances were found where previous 
experience with noise measurement technique seemed to affect the re- 
sults. It appeared that if the responses of the observer had been properly 
conditioned, almost any type of results might be obtained. 

For this reason in the final program of experiments it was decided 
to use observers who could not have had any previous experience in 
acoustical work. For this purpose several groups of first and second 
year students at New York University were selected. In conducting the 
experiments the observers were given no information whatever of the 

? Since our early report on these experiments in May of last year, a series of experiments of 
a similar nature has been performed by D. A. Laird, E. Taylor, and H. H. Wille of Colgate 


University. Their experiments are written up in the last number of this Journal, Vol. 3, No. 3 
p. 393, Jan. 1932 in a paper entitled, “The Apparent Reduction of Loudness”, 





—— 
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system of control used, and the terminology used in explaining the ex- 
periments was carefully chosen to prevent them from forming any pre- 
conceived ideas as to the results they were to obtain. Suitable precau- 
tions were observed to prevent them from observing one another’s work. 

It is interesting to observe at this point that in most cases there was 
apparently no question in the observer’s mind of his own ability to 
formulate these judgments. Now and then a student commented that 
he did not feel sure of his results, but for the most part the observations 
were made without hesitation. 

The experiments themselves fell into three classes. In Group A the 
observers were asked to judge what per cent of the original loudness was 
left. The procedure was to sound the reference tone for about five to 
ten seconds, then the comparison tone for an equal length of time, then 
the reference tone again, and finally the comparison tone a second time. 
Normally this gave the observers ample time to form their judgments, 
and in any case where the time was not sufficient or the observer was 
still doubtful, he requested another repetition. Very few repetitions were 
necessary. The results of Group A offered the most direct answer to 
the questions outlined above, but it was felt that another method of 
attack might lead to greater accuracy. 

For this reason the set of experiments classed as Group B were un- 
dertaken. In this group the observers were asked to judge when the 
comparison tone was one-half, one-third, and one-fifth as loud as the 
reference tone. For this purpose a series of seven or eight comparison 
tones were sounded, and the listeners were to select the one which most 
nearly corresponded to the requested fraction of the original loudness. 
In cases where one single tone did not seem to fit the case, the observers 
were to record the nearest two adjacent tones. This method of proce- 
dure corresponds to established psycho-physical methods, and, as will 
be seen later, actually gave somewhat more accurate data. 

In Group C the same procedure was followed with one exception. In 
all previous experiments the reference tone was higher in level than the 
comparison tones. In the experiments of Group C the comparison tones 
were all higher in level, and the observers were asked to record when 
the loudnesses were two, three, and five times as great. 

These various experiments were conducted with the three different 
types of tones, employing frequencies ranging from 250 to 2500 cycles, 
and levels varying from 34 to 84 db. above the threshold of hearing. 
It was also interesting to observe whether successive fractional differ- 
ences could be regarded as cumulative; i.e., whether if the one half tone 
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were used as a reference in the next set and halved again, etc., the re- 
sults would be the same as the values recorded for one fourth the or- 
iginal, one eighth, etc. This experiment was not carried out in this form, 
but since the decibel differences recorded for each fraction were similar 
at all levels of the reference tone it is apparent that the two types of 
judgments would check each other. 


EXPERIMENTAL DATA 


Series A—The observer is given a sound with a fixed initial energy 
level. The sound energy is reduced by small steps, according to the 
method outlined previously, and the observer is asked to record on his 
paper the remaining fraction (or per cent) of original loudness. The 
experiments, which include tones of the single, warble and noise variety, 
are tabulated in Tables 1a, 1b, 2a, 2b, 3a, 3b, 4a, and 4b. 

In addition to the variations in kinds of sounds introduced, the ex- 
periments were extended to include sounds of different initial energy 
level. Usually two or three different initial energy levels were tried. 
Thus the data in Table 1a, which has the words “High level” in the top 
row at the left, was taken at the highest energy level with an attenuator 
setting of zero. The reading in decibels immediately following the work 
“level” is the level above the threshold of hearing. The letter “n” which 
appears in the same line will be explained later. 

The three initial sound energy levels, labeled “High,” “Medium” and 
“Low” were separated usually by steps of 15 db. Lower ranges did not 
appear desirable because of the masking effect of background noise. 
Different initial sound energy levels were used to determine, if possible, 
whether loudness reductions varied with the fixed intensity level of the 
reference tone. 

For any given energy level of the reference tone, the observer was 
asked to judge the remaining fraction of the original loudness for each 
of seven fixed reductions of sound energy in the high and medium level 
and six fixed reductions of sound energy in the low level experiments. 
Each table shows the attenuator settings in decibels and the reduction 
in decibels if the initial attenuator setting is other than zero decibels. 
It also shows the average remaining percentage of the original loudness 
as judged by the observer, the per cent error of the average deviations 
(referred to hereafter as per cent error), the reciprocal of the remaining 
fraction of original loudness, and the number of judgments recorded. 

The tables of data indicate that the per cent error increases fairly 
uniformly with each reduction from the initial energy level. In the 
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noise record experiments this increase of error with each reduction was 
greater on the whole than with other sounds. This might be anticipated 
on account of the fluctuations of energy level in the record. For this 


reason, only the first portion of the record was used. 
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of original loudness 
Average remaining 


Reciprocal of the 
percentage of 


Reductions 


Number of 
readings 





wn 
— 


awn vu 
—_— — 


wn 
—_ 


100 

88 .2 
71.6 
50.7 
33.8 
a3 
12.0 


2.63 





62. 
67. 


TABLE 4a 


nN 
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Oonepm FPN RS eS 


Ww 





s 
- © 


#8. 
48. 

29:9 
14.0 


> 


8.10 
1.37 


original loudness 


TABLE 4b 


Percentage error of 
average deviation 





— 


as 
11.7 
21.6 
33.0 
44.4 
47.8 
78.8 


Reciprocal of the 
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The series of warble tone experiments (Tables 5a, 5b, 5c) indicate 
that the reduction of loudness may be connected in some way with the 
initial energy level, especially for equal energy reductions greater than 
10 decibels, though we have not been able, up to the present, to estab- 


Low level (44 db); »=0.073 





= we oat = Ts e g 
€ | 8s |e € #| 88 |S36 
s5| cs loses Es5| Ss lees 
§ |2£88] &3\gyue|* 2\/£22| 23 lanq|s 
PLIES S| Sel|SseEles] §€ | BES S| SPl\S32/28 
SSILERP ESISESIS S| S| BISER  ESISESIE 
“@_Zyi¢cqacl|asn |% 2614 & N ~~ it acing |w~ &2S6ia & 
100 1 30 0 | 100 1 
86.4 | 8. 1 55 || 31.8] 1.8] 94.6 | 6.66] 1.06 
68.1 | 16. 1. 55 || 34.5] 4.5] 82.2 | 8.86] 1.22 
49.5 | 22. 2. 55 || 37.2| 7.2] 61.1 | 17.5 | 1.64 
32.8 | 33.5 | 3. 55 || 40 | 10 46.0 | 37.4 | 2.17 
23.3 | 38. 4. 55 || 45 | 15 27.8 | 37.4 | 3.6 
13.0 | 45. 7. 55 || 50 14.9 | 43.6 | 6.7 
6.74 | 46.6 | 14. 55 
TABLE 3a TABLE 3b 


Medium level (65 db); n=0.081 





remaining fraction 
of original loudness 


—_ 


1.11 
1.33 
2.08 
3.94 
7.14 


12.4 
73.0 





SS 


Number of 
readings 
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lish definitely any relation. It is quite certain that the change in reduc- 
tion of loudness due to the background masking effect of the noise is 
considerable for the lower energy levels. Moreover, certain defects 
found in a switch and in the loud speaker when we were in the midst of 
the experiments render this particular set of results less reliable than 


SerrES A—WARBLE TONE (500-1000 CycLEs) 








High level (81 db); »=0.066 Medium level (66 db); »=0.069 















































ob ‘S z Attenuator | % S rs 
aSo| C8 (SES ESss5| SS (se 8 
S 2%8| £2 |e ws|s 21288| &3 |e uqls 
sy leSa| Sols isisga Silesal|sol8 Eels eg 
ee lsse|SPl|asPi28] £2) 8 |f88| SP | a8 P48 
SSILERP ESISESISS!H S|] PISEP SESIVESISE 
zZgijzBblealzmesizei Fl wm |e kS Le le eslze 
0 100 1 15 0 100 1 
2:51 Si6 5.10} 1.09 WH WS) 2.5) SS 5.10 | 1.06 18 
5.0 79.8 9.44 1.25 18 |} 20 5 “iS 8.51 1.29 18 
8 65.8 | 13.9 oY 18 |} 25 10 56.4 | 18.2 1.47 18 
13 43.1 | 25.3 2.32 18 || 30 15 36.0 | 20.1 2.78 18 
18 23.4% 7352S 4.22 18 |} 35 20 20.4 | 29.8 4.9 18 
28 12.8 | 51.4 7.8 18 || 40 25 12.7 1 -58.7 8.54 18 
38 6.8 | 60.3 14.7 18 || 50 35 4.3 | 43.5 | 23.2 18 
TABLE 5a TABLE 5b 
SERIES A—WARBLE Tone (500-1000 CycLEs) 
Low level (51 db); »=0.080 
Average Reciprocal of 
Attenuator remaining Percentage remaining 
percentage of error of fraction of Number of 
; Reduc- original ha original readings 
Settings tions loudness deviation loudness 
30 0 100 1 
32 2 91.6 4.70 1.09 18 
35 5 78.8 7.70 1.27 18 
38 8 59.5 14.2 1.68 18 
40 10 41.5 20.7 2.41 18 
45 15 20.0 47.4 5.00 18 
50 20 7.45 65.9 13.4 18 





TABLE 5c 
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desired. For this reason we are including only the 500-1000 cycles per 
sec. record of the warble tone series. Our experiments could not be re- 
peated as the class was available for two hours only. 

It appears from the Series A experiments that any person of normal 
hearing can judge fairly consistently wide variations of loudness levels. 
The next step is to see how closely these results follow the Weber- 
Fechner law. 

Theoretical Considerations—The Weber-Fechner law states that the 
loudness (L) of a sound is related to the energy (E) of sound above 
threshold by the equation 


L = klog E, (1) 
where & is some constant. If now, this energy is increased to E”, then 
mL = klog E™. (2) 


Since we are dealing in these experiments with energy ratios, equation 
(2) may be written, for convenience, in the form 





xi 
mL = k log : (3) 
If we subtract equation (1) from (2), the equation 
ne a (4) 
a = ames 
. E 


is obtained which is similar to equation (3), in that changes in loudness, 
according to the Weber-Fechner law, are related in some multiple form 
to the original loudness. 

In order to represent the results of Series A in the form of a graph 
that would indicate to what approximation these results follow the 
Weber-Fechner law, it was thought best to convert the cloumns show- 
ing the average remaining percentage of original loudness to its equiva- 
lent in fractional form. 

Curves for the Series A experiments have been drawn with the re- 
ciprocals of the remaining fraction of the original loudness as ordinates 
and the energy reduction in decibels as abscissae, and are shown by the 
heavy black lines in Figures 1A, 1B, 2A, 2B, 3A, 3B, 4A, 4B, 5A, 5B 
and SC. 

Since the curves are not straight lines, it is seen that the Weber- 
Fechner law is not followed. However, because of the similarity of the 
curves, it was thought that some equation might be found that would 
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reasonably follow the curves obtained by these experiments. Three 
equations were tried, namely: 


y=at dx" 
y = b-(x +a)" 

and | 
y = a+t de". 


Assuming that one of the three equations will fit the facts within ex- 
perimental error, the correct equation is determined in the following 
manner: 
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For y=a+6x", plot y vertically, xs horizontally 

for y=b(x+<a)", plot y/s vertically, x horizontally 

for y=a+be"*, plot y vertically s horizontally, 


where 


s=dy/dx. Then select the curve which most nearly approaches 
a straight line. 


The equation 
y = a+ be (5) 


proved to fit the facts closest. In equation (5), y is the reciprocal of the 
remaining fraction of original loudness while x is the reduction of sound 
energy in db. The constant a is zero while } is equal to unity.* Our 
equation (5) now becomes 


y = en (6) 
where in terms of equation (2), y=mL and x=10 log E™=10 log 
E=*'/E. 

The value of m is to be determined from the data which is used to 
draw each curve. 

An examination of our curves indicates that m may have different 
values for each curve. In selecting a value of m, one has the difficulty in 
weighing the results to determine in what portion of the curve they are 
found most reliable. About the origin, it is found that the experimental 
value of y is practically constate (i.e., 1) until x increases to the neigh- 
borhood of 2. While we did no experimental work involving values of 
x less than 1.8, it is known that one must have a change of energy level 
of about 1 db (Fletcher’s “Speech and Hearing” p. 69), before any 
change in loudness is noticed. When x becomes large (i.e., large reduc- 
tions in sound energy level), the high level of the background noise 
produces considerable interference. Hence a value of is chosen which 
will be the average of the ’s found by solving equation (6) for m with 
corresponding values of y and x chosen from the experimental data be- 
tween the limits of x=4 and y=7. The theoretical curves are repre- 
sented by dashed lines in Figures 1A,1B, 2A, 2B, 3A, 3B, 4A, 4B, 5A, 
SB, and 5C, referred to previously. These theoretical curves will be 
seen to fit the experimental data reasonably well for values of y between 
1 and 5. No attempt has been made to fit the curves by any equation 


* If we had plotted our curve according to equation (4), with the ordinates starting with 
zero at the origin, then y= L, a=1 and b=1. 
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for reductions greater than this amount (i.e., reduction to 1/5 of the 
original) because of the outside interference of noise. For the values of 
y =5, the departures of the theoretical curves from the corresponding 
experimental curves are within, or approximately at the limits, of ex- 
perimental error. The theoretical curve represented in Figure 5C is 
approximately at the limit of experimental error at x=4.5 and x=15. 
This curve, however, is for an initial sound energy of low level. 

Series B—While the acoustic engineer is usually much interested in 
per cent reduction in loudness as represented in the Series A experi- 
ments, the psychologist and physicist have a particular interest in 
knowing what reduction in energy level is required to reduce the ori- 
ginal loudness to some fraction of the original loudness, such as 3, }, 
etc. The observer was asked to record the energy levels at which the 
original loudness level was reduced to 3, 3 and 3 of its former value. He 
was given eight levels marked a, b, c, etc., from which he based his 
judgment as to the db reduction. Tables 6a, 6b, 6c, 6d, 7a, 7b, 7c, 7d 
represent data obtained with warble tones of 260-500 and 500-1000 
cycles per sec. The average attenuation level (also the reduction in db 
level when the original attenuator level is not zero), the average error 
from the mean, and the number of readings are given in each table. 
The levels are marked as intense, high, medium and low, but notice 
that the attenuator settings for the levels in Tables 6a, 6b, 6c and 6d 
are not the same as for the corresponding levels in Tables 7a, 7b, 7c, 
and 7d. 

The average deviation in db from the average attenuator reduction 
for reductions in loudness to 4 and } of the original loudness appear 
to differ but little. It was thought better to use reductions to § and } of 
the original loudness because there might be some confusion in record- 
ing judgments if fractions such as } and }, or } and § were included. 
The fact that it appeared about as easy to tell when the loudness is 
reduced to } as when reduced to } its original loudness is of interest to 
those who doubt whether one can estimate at all loudness reductions 
such as 3, 3, etc. 

The experimental curves for Series B, shown in Figures 6A, 6B, 6C, 
6D, 7A, 7B, 7C, and 7D, are represented by the broad, heavy curves 
while the corresponding theoretical curves are shown by the dashed 
lines. Again the ordinates of these curves are the reciprocals of the re- 
maining fraction of original loudness and the abscissaes are the reduc- 
tions of sound energy in db. 

While the curves obtained in Series B have characteristics similar to 


wos 


we 
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SERIES B—WARBLE TONE (260-500 CycLEs) 











Intense level (72 db); n=.084 High level (65 db); »=.077 
Remain- Average Remain- Average 
‘ Average | Num-}. Average | Num- 
i eee levi eal ing frac- pho ber of 
tion of | Attenu-| De- asehanal se tion of | Attenu- De- al mes 
original |} ator crease Gon on original | ator crease ton — 


loudness | level | of level | °° | ™8® | loudness| level | of level | STF | 18S 











1 0 0 1 7.0 0 
4 7.61 7.68 | 2:8 35 3 16.5 o:5 2.04 37 
1 13.2 13.2 4.4 32 3 19.6 12.6 5.00 38 
} 4.8 34 i 29.8 22.8 4.69 39 
TABLE 6a TABLE 6b 
SERIES B—WARBLE TONE (260-500 CycLEs) 

Medium level (58 db); »=.076 Low level (37 db); »=.073 
Remain- Average a Remain- Average a 
eine ial nae ing frac- dev; aad 
tion of | Attenu-| De- evia~ | Der Ol! tion of | Attenu-| De- _— sca 
original | ator crease “om | eee original | ator crease mn | oa 


loudness | level | of level | ©'T°* | ™8° | loudness} level | of level} ST | 18S 














1 14.0 0 1 21.0 0 
3 23.4 9.4 2.22 36 3 31.8 10.8 2.89 36 
3 28.4 14.4 4.18 36 3 34.5 13.5 4.03 38 
1 34.1 20.1 3.96 36 1 42.6 21.6 4.27 39 
TABLE 6c TABLE 6d 
SERIES B—WARBLE Tone (500-1000 CycLes) 
Intense level (84 db); n=.083 High level (74 db); n=.093 
Remain- Average so Remain- Average . 
. Average | Num- |}. Average | Num- 
ngfrac- nial ; f ing frac- dev; eed 
tion of | Attenu-| De- Cevia- | Der oll tion of | Attenu-| De- wine \eunsie- 
° tion | read- es tion | read- 
original | ator crease original | ator crease 


loudness | level | of level | ST NSS | loudness| level | of level | ST — 











0 0 

7.64 7.64 | 3.16 14 
15.45 15.45 6.36 11 
18.4 18.4 7.09 13 


10 0 

16.71 6.71 | 2.52 14 
22.85 | 12.85 | 3.38 14 
28.15 | 18.15 | 5.46 14 


wl cl tole 
Ol wl wi 


TABLE 7a TABLE 7b 
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SERIES B—WARBLE ToNE (500-1000 CyctEs) 














Medium level (64 db); »=.077 Low level (54 db); = .085 


Remain- Average Remain- Average 


Average | Num- Average | Num- 


ing frac- devi al ing frac- levi b 
tion of | Attenu-| De- evia~ | Der Of! tion of | Attenu-| De- = of 

a tion read- ee tion read- 
original | ator crease original | ator crease 


error | ings error | ings 


loudness | level | of level loudness} level | of level 





1 20 0 1 30 0 

3 29.3 9.3 5.26 13 3 36.8 6.8 3.12 16 
3 33.7 13.7 3.66 15 43.7 13.7 4.65 16 
} 41.1 | 4.14 15 3 51.9 21.9 4.42 14 











TABLE 7c TABLE 7d 


those of Series A, it is easily noticeable that the theoretical curve follows 
the path of the experimental curve much closer in Series B than in 
Series A. That is, loudness judgments are better in Series B than in 
Series A. This improvement in judgments in Series B over Series A may 
be seen from the tabulated data if we take as our reference level for the 
energy, the db level of the acoustimeter above threshold. In this case, 
the per cent error of the average deviation (of each reduction in loud- 


a 


Reciprocal Ot The femaining Fraction Of Original lowdmess 





Lrergy Fedictior [re ab. Lnergy Reduction la ab. Lnergy Heduction la ah 


Fic. 6-A, Series B, Intense, Fic. 6-B, Series B, High, Fic. 6-C, Series B, Medium, 
260-500~ 260-500~ 260-500~ 
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ness measurement) calculated from the corresponding acoustimeter 
level above threshold is found, on the whole, to be less than the corres- 
sponding per cent error in loudness reduction estimates in the Series A 
experiments. 

Series C—This series is made up of experiments in which the original 
loudness level is increased by multiples 2, 3 and 5 times. Otherwise the 
experiments are similar to those of Series B and are tabulated in a simi- 


SERTES C—WARBLE TONE (260-500 CycLEs) 








Intense level (52 db); n=.094 High level (45 db); »=.060 
, Average r : Average . 
Multiple Average | Num-| Multiple Average | Num- 
increase | a ttenu- —_ devia- pot one Attenn- he. devia- ber . 
ea ator crease tion 7 = : ae ator crease tion rend- 
loudness level | of level | TOF | ings | loudness error | ings 


level | of level 














1 20 0 1 27 0 
2 12.8 ia 1.82 44 2 14.2 12.8 a 47 
3 8.39 11.61 2.09 46 3 8.4 18.6 2.92 46 
5 2.30 | 17.70 2.15 47 5 2.49 24.51 1.84 45 
TABLE 8a TABLE 8b 
SERIES C—WARBLE TONE (260-500 CycLEs) 
Medium level (38 db); »=.059 

Multiple Average is 
increase 4 eho Number of 
of orig. Attenuator Increase of ae readings 
loudness level level — 

1 34 0 

2 Zia 12.8 2.67 40 

3 14.9 19.1 3.02 42 

5 8.95 25.05 2.28 40 

TABLE 8c 


lar fashion in Tables 8a, 8b, 8c, 9a, 9b, 9c and 9d. The accuracy of judg- 
ment in Series C, is the best of the three series. 

The experimental (heavy tracings) and theoretical (dashed lines) 
curves are shown with one difference over the former curves, namely; 
the ordinates in this series are multiple increases of loudness. With this 
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SERIES C—WARBLE TONE (500-1000 CycLEs) 








Intense level (64 db); n=.111 High level (54 db); »=.074 




















Average Average 
Multiple . Average | Num-| Multiple ee Average | Num- 
increase eo? devia- ber of increase Ati ts devia- ber of 
of orig. | ator een tion read- of orig. ome pane tion read- 
loudness level | of level | &T7F ings |loudness tot latte) ings 
1 20 0 1 30 0 
2 13.9 6.1 1.37 19 2 20.2 9.8 2.75 19 
3 10.2 9.8 1.95 18 a 15.0 15.0 2.89 18 
5 5.11 14.89 | 1.93 18 3 0 20.0 3.16 19 
TABLE 9a TABLE 9b 


SERIES C—WARBLE TONE (500-1000 CyctEs) 





Medium level (44 db); »=.075 Low level (34 db); n= .082 











Avera Av 
Multiple wisn Average | Num- | Multiple aces: Average | Num- 
increase oon ae devia- ber of increase pen? ae devia- ber of 
of orig. prom pa tion read- of orig. stn canis tion read- 
loudness level | of level | ©TOr | ings loudness level | of level | Tr | ings 
1 40 0 1 50 0 
2 30.5 9.5 2.17 18 2 41.5 8.5 2.18 19 
3 25:1 14.9 2.60 18 3 36.7 13.3 2.64 19 
5 19.1 20.9 2.57 18 5 30.2 19.8 2.03 17 
TABLE 9c TABLE 9d 


increased accuracy of judgment, Figure 9A and Figure 9D each show 
two curves—experimental and theoretical—coinciding so closely that 
separate curves could not be drawn. 


GENERAL REMARKS 


Examination of our data shows that there is a fairly wide variation 
in the values of ”. We have tried to connect different values of m with 
different initial loudness levels. However, there seems to be no consis- 
tent relation between the n’s and initial loudness level. It appeared 
possible at first that the larger n’s may be connected with low initial 
loudness levels. For the present, at least, we have assumed that the 
different values of ” are due chiefly to background noise and other con- 












w a 


Multiple srcerease Of Origitial Loudness 
\ 





tnergy Increase Ia Tb. énergy sacrease I ab. 


Fic. 8-B, Series C, High, Fic. 8-C, Series C, Medium, 
260-500~ 260-500~ 


liultiple lrcrease Of Original Lowd mess 
~ N\ w& 





10 20 30 
tnergy Increase 17 cb Lrergy tacrease 7 ab. 


‘) 


Fic. 9-B, Series C, High, Fic. 9-C, Series C, Medium, 
500-1000 ~ 500-1000~ 


JOURNAL OF THE ACOUSTICAL SOCIETY 


s s 
a 
/ 
oO 10 20 30 


[APRIL, 


| If 
| 
|| 
/ 


fnergy Increase ln db 


Fic. 9-A, Series C, Intense, 
500-1000~ 


<= 


a 


Lrergy lacrease Jp db 


Fic. 9-D, Series C, Low, 
500-1000 ~~ 








<P NN 








il, A tt 


30 


nse, 





1932} LLOYD B. HAM AND JOHN S. PARKINSON 531 


ditions beyond control in the course of the experiments. The one value 
of n which best fits the experimental data in Series A is 0.073; in Series 
B, 0.081; and in Series C, 0.079. It, therefore, appears practical for the 
present to assign to ” the value 0.076 for estimating reductions in loud- 
ness under general conditions. Equation (6) now takes the form 


y= e-076z (7) 
If the right hand side of equation (7) is expanded, one obtains 


.076x (.076x)? (.076x)3 
1! 2! x” 


e 76x = | + 





so that, to a first approximation, 


y=1+ .076x, 


or 
m+1 


4 


y 1+ .76 log 





which is the Weber-Fechner law with k of equation (4) having the value 
0.76. The constant factor, one, occurs on the right hand side due to 
the method of plotting. 

While the value of ” is a compromise due to certain experimental 
conditions, the theoretical curve gives a closer estimation of the reduc- 
tion of loudness due to any given reduction in the energy level than may 
be obtained by application of the Weber-Fechner law. The theoretical 
curve for n =0.076 is pictured in Figure 10 for values of y between 1 and 
4. 

As the acoustical engineer is usually more interested in percentage 
reduction in loudness due to a given decrease in energy level, a theoreti- 
cal curve is likewise drawn in Figure 11 with the per cent reduction in 
loudness as ordinates and reduction in energy levels in decibels as abscis- 
sae. This curve may be traced by use of the equation 


y = 100 — 100¢-%.976 
where y is the reduction in loudness in per cent and «x is the reduction 
of energy in decibels. This is the theoretical equation (5) with a=100, 


b=100 and n= —0.076. 
It may be shown that equation (7) is equivalent to 


em [——)" (8) 





E 
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which gives, approximately, the equation, 


7 
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Or, Multiple frcrease Of Original Louwdress 
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Freciprocal Of The Fernairing Fractiote Of Original Loudness 


+ - 0 5S 10 15 20 25 30 
Lnergy Change tn ab. Lrergy keduchore 2 Ab 


Fic. 10, Curve for y=e-%% Fic. 11, Curve for y= 100—100e~-*" 


This equation states that loudness is proportional to the cube root of 
the intensity of sound above threshold. While equation (9), or more 
exactly equation (8), is more compact, it is our belief that equation 
(7) is more useful to the acoustical engineer for the present, because 
of the wide acceptance of the decibel as a unit of measurement of rela- 
tive energy values. 
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CONCLUDING REMARKS 


The experiments show that all individuals of normal hearing‘ have 
the mental or physiological equipment to make judgments on the rela- 
| tive loudness tones of different levels. Each individual’s judgment is 
consistent over wide ranges of loudness, though it may differ from 
| the judgments of another individual. The method of making the judg- 
ments differs with individuals. For example: one person may divide 
the loudness of the reference tone into tenths for purposes of mental 
| comparison; another may picture the loudness as a certain lump quan- 
tity to which all other loudnesses are compared without introducing 
any fractional or dimensional concept. 
| The most frequent comment in the experiments, for the few who did 
have any difficulty, concerned itself with establishing the original loud- 
ness level as a fixed entity. Once the measure of the original loudness 
level (i.e., the unit of measure) was established with the individual 
as a definite mental picture, the estimation of changes in loudness 
became a relatively simple process. 

The general law established by the judgments of these untrained 
observers indicates that the increase (or decrease) of sound energy | 
measured in decibels is a logarithmic function of the increase (or de- | 
crease) in the loudness. These judgments of increase or decrease in 
loudness appear in all cases to be made as a per cent, fraction, or mul- 
tiple of the original level. Jn no case did the judgments indicate that the | 
loudness change was an additive or a subtractive function. It is impossible 
to state definitely whether there is any direct relation between loudness | 
judgments and frequency or intensity level, due to the degree of varia- | 
tion in individual judgments and the errors introduced by background 
noise. 

The total number of observers was about 175, and the number of 


30 readings approximately 4500. | 
Figures No. 10 and 11 provide the acoustical engineer with a direct 

we method of arriving at the loudness reduction for any given reduction 

in decibels. In most cases, however, it will be simpler to use the direct 
t of energy ratio and calculate the loudness change by equation (9). 
“a In Figure 12 is a given type of noise measurement scale such as q 
tion | would be derived from the relations expressed above. The abscissae 
aan represent multiple loudness units starting with a value of 1 for threshold 
rela- 


‘ Observers were required to possess a certain minimum ear sensitivity before being ad- 
mitted to the experiments in order to assure reasonable uniformity. 
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intensity. Any level in decibels above the ear threshold of audibility 
may be converted into multiple loudness units by reading down to the 
corresponding abscissa. Similarly a level expressed in decibels above 
a threshold of one millibar may be converted into M.L.U. above the 
ear threshold by reading the corresponding curve. 

It is believed that a scale of multiple loudness units such as this will 
have certain advantages over existing methods of noise measurement. 
Obviously it will more closely approximate loudness relations as judged 
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by the average observer. For this reason where results must be pre- 
sented to the general public it will provide clearer explanation. Like- 
wise, its mathematical derivation is simpler and more direct than the 
more commonly used logarithmic scale. Finally, the numerical values 
of the levels corresponding to familiar sounds are such as to appear 
reasonable to the uninitiated observer, and the use of such a scale 
should facilitate a more wide spread familiarity with noise levels and 
their significance. 
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THE EFFECT OF POSITION ON THE ABSORPTION OF 
MATERIALS FOR THE CASE OF A CUBICAL ROOM 


By C. A. ANDREE, Pu.D. 
University of Wisconsin 
Much work has been done in determining the absorption coefficient 
of various materials. Most of this work involves the use of the following 
formula for the decay of sound in a room: 


E, = Eye7avst lav 


where & represents the “average” absorption coefficient of the room and 
S the surface of the room. Now it is customary in this decay formula to 
set 2=DiaiS ;/ZS; where a; is the absorption coefficient of any uniform 
patch of area S;. The value of @ may be determined by measurements 
of the period of reverberation of the room. In order to determine a; it 
is necessary to determine @ with various areas of the absorbing mater- 


_ials exposed in the room. In this way, a set of simultaneous equations 


will be obtained in which the values of & will be known and from which 
the values of a; may be determined. 

The justification for this method of averaging the individual absorp- 
tion coefficients to determine the average absorption coefficient arises 
from experimental evidence by Wallace Sabine which indicates that the 
effect of a given amount of absorbing material is independent of its 
position in the room. The implications behind this method of averaging 
have, so far as the writer knows, never been carefully discussed. 

A simple illustration will show that this method of averaging will at 
times lead to inconsistent results. Consider a room whose six walls are 
made of material with an absorption coefficient of .5. The average ab- 
sorption coefficient will then be @=.5, and the total absorption will be 
1/2 S. Now consider a room of the same dimensions, three adjacent 
walls of which have an absorption coefficient of unity, and the other 
three walls of which have an absorption coefficient of zero: i.e., three 
walls would be perfect reflectors, while the other three would be open 
to free space. Such a room would, according to the formula under dis- 
cussion, again have an average absorption coefficient of ¢=.5 and the 
total absorption would be 1/2S. Thus although the physical situations 
are sufficiently dissimilar to make it apparent that these two rooms have 
different periods of reverberation, the formula would show them iden- 
tical. It is of course true that the distribution of sound energy in these 
rooms would not be homogeneous and therefore these rooms do not 
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satisfy the conditions which must be accepted in order to arrive at the 
above decay formulae. 

Nevertheless, acoustical engineers frequently need to estimate the 
period of reverberation in rooms in which conditions approach those 
just cited and it would be a decided advantage to have a formula which 
would be valid under such circumstance. If such a formula cannot be 
developed, it should at least be desirable to present clearly the limita- 
tions of the present formula. 

To this end, let us consider the following simple cases. Let a sound 
wave, Fig. 1, strike simultaneously surfaces S; and S2 having absorption 


Waye 
Front 





Fic. 1. 


coefficients respectively of a, and a or reflections coefficient of 8; and 
B2 where 8B=(1—a). If E equals the total energy striking the surface 
and E, that remaining after the first reflection, we have: 

BiSi B2S2 


E, = ; E+ ; E, where S,; + Se = S. 








If B equals the average reflection coefficient it should have such a value 
that 





E,=BE 
or 
SiE SoE 
ee iE + B2Se 
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the This value corresponds to that obtained by the customary method of 
averaging. 
ose then all the sound that is reflected strikes surface S2, (Fig. 2.) The 


he | Consider, however, the case where sound strikes first surface S; and 
| 





ich energy remaining after the first reflection is E,=§,E and after the 
be second reflection we have E2=6,62E. 
ta- ¥ 
j | 
Y) 
ind y 
ion : 
= Wav 
Ps front y 
Z 
| g 
y) 
y 
Z 
A 
be Ve 
B= (Ap) 
Fic. 2. 
Now the average reflection coefficient should be such that for the two | 
reflections we have 
E. = BE 
and therefore 
and E, = BPE = BBE 
face ” 
B = (B,B2)'!? 
Here B is no longer the weighted arithmetic average of 6; and 2, but 
rather the geometric average. 
Let us now consider a combination of these two cases as shown in | 
alue Fig. 3 
The energy remaining after the first reflection will be: 1 
E; = BiE ! 
and after the second reflection: 


_ BiBS2E | BiBsSsE 
| ” Sth +S 


Now again we have: 
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. BiBaS2E | BiBoSe 


BPE = Ep» 





Sot” Beh 


-, _ , (BS: + BsSs 
P = A( Sat Be ) 


(= + —~) 
So + S3 


From which 


It is to be noted that: 





[ApRIL, 


represents an average as obtained by consideration of Figure 1, and that 
this value is averaged geometrically with 8; as indicated by the con- 


sideration of Figure 2. 





B= ([a(SSzQess)]* 


Fic. 3. 


Let us consider now, in an approximate way, the effect of dispersion 
on these formulae. If we assume that sound travels in straight lines, the 
angle of incidence always being equal to the angle of reflection, we shall 
thereby imply the dispersion effect to be zero. On the other hand, if, 
after each reflection, we assume that the sound is traveling equally in 
all directions and is uniformly distributed, we shall have a case in which 
the lines of sound propagation suffer more bending than in the most 
severe case of dispersion.* Obviously the correct assumption lies some- 
where between these extremes. Consider again our second illustration 
and, solely to make our problem more simple at the start, assume a one 
dimensional space so far as the direction of sound travel is concerned, 


* The writer is using the word “dispersion” in a special sense. It includes all those phenom- 
ena which cause the angle of reflection to differ from the angle of incidence and those which 
cause the propagation of the sound wave to depart from a straight line. 
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i.e., the sound can travel straight back and forth between the two ab- 
sorbing surfaces specified. If we take the case of no dispersion we can 
formulate the following table (Table 1) assuming the sound to be uni- 
| formly distributed at the start, i.e., the same amount of sound is as- 
sumed to be going from left to right as from right to left. It should be 
| 


TABLE I 








No. of reflections Remaining Energy “E” 

















| WE+ Bok 
iat a 2 = 
on- 2 $8:2E+}$6,8.E 
or i 
BifrE f 
4 | Bi? Bp? E 
; t 
n B,"/2 Ban!2 E 
noted that the general formula for x reflections is not correct unless is 
even. However, the error introduced by assuming the formulae to hold 
for odd values of m becomes very small for reasonably large values of n. 
From the table we then have: 8" =8,"/?8,.""? or 8 =(@,82)"/? which is 
the geometric mean of 6, and fs. 
Now, however, let us take the extreme case of dispersion where the 
ais energy is thoroughly “mixed” after each reflection. We shall have after 
the first reflection: 
the , 
hall E, = (26,E + 3B2E) = 3(B:E + B2E) = BE. | 
, if, Now, after mixing, half of this energy will go to the left and half to the 
y re right and therefore after the second reflection we have: : 
1ic 
10st Ez = 3[36:(6:E + B2E) + 4382(6,E + B2E)] = 32E(8: + B2)? = BE t 
me- For the energy remaining after the third reflection, we have: 
tion " | 
ome Es = 3°(6: + 2)°E = BE 
ned, or in general 
nom- | Bp” = $"(B, ao Be)” 
| from which 8 = 1/2(8,+ 2) which is the arithmetic average of 8, and Bs. 
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We note, therefore, in this simple illustration, that where we assume no 
dispersion we use the geometric mean and where we assume thorough 
mixing we use the customary arithmetic average. 

Let us now consider a very special two dimensional case. Assume a 
square array of absorbing surfaces. Let the sides of the square “S” be 
parallel to the x and y axes. Let sound travel only in the x direction and 
y direction, and repeat the above considerations. For the sound which 
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is traveling in the x direction we will have after reflections, if there is 
no mixing, 


Ez, = 3(61"!*B2"")E 
and for the sound in the y direction 

Ey = 3(B3"!*B4"")E. 
From which 


BE = (381"/2Bo"/? + 383"/2B,"/?) E 
or 


B _ (28,"/2B_"/2 + 18,"/2Q4n/2)1/n, 


It is to be noted that this formulae makes £ a function of m, the number 
of reflections, and while this may be consistent with theory, any formula 
which makes £ a function of would be a very unfortunate formula to 
have to use in calculating the period of reverberation of an auditorium. 
If, however, we again consider an extreme case of dispersion where the 
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sound energy is assumed thoroughly mixed after each reflection, we 
again have 


| BE = (2)"(6, + Be + Bs + By)"E 
or 


B = 3(8: + Be + Bs + Bi) 


which is the customary arithmetic average. 


flection, we assume this to be done after each alternate reflection, the 


| Now, if instead of assuming the sound to be “mixed” after each re- 
| resulting formulae will be: 
| 


a ke + =) 
—— : 


sound are not installed, it appears to the writer that this last assump- 
tion would more nearly account for the effects of dispersion than either | 
of the other two assumptions. 
If we assume the sound to be thoroughly mixed after every four re- 
flections we should be assuming a still milder case of dispersion and 
should have: 


" joer . 
ee 


We note, therefore, that by varying our assumptions as to the number | 
of reflections between mixing we can account for varying degrees of dis- 
persion. 

Consider now a more general two dimensional set up, where sound 
would travel not only in the x and y directions but in all other possible 
directions. We will arbitrarily assume that all sound which is not con- 
fined to opposite pairs of sides will strike all four sides in succession. We . 
have then somewhat arbitrarily divided the total energy into two parts. i 
The fraction of the total energy which we assume confined to opposite 
pairs of sides we will designate by “a”, while the fraction of the total 
a energy which is assumed to strike all four sides we will designate by “db”. 

0 Then, if Z represents the total energy, aE will represent the energy con- 
fined to opposite pairs of sides while bE represents that which strikes all 
four sides. 


B= 
Where large moving reflecting panels for the purpose of mixing up the 
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After four successive reflections, the energy which remains of the bE 
will be 


Eyn = BiPoBsBsbE. 
After 1 reflections we can write for this portion of the energy: 
Ens = (Bi828384)"4bE. 


We have already seen that the aE portion of energy after m reflections 
may be written as 


Before attempting to combine this formulae with the preceding one, 
we must give some consideration to the difference in mean length of 
path between reflections for the energy aE and DE. If the mean length 
of path for the “b” portion of energy is 1/2 that for the “a” portion, it 
is then obvious that in a given length of time it will suffer twice as many 
reflections as the “a” portion. It would, therefore, be necessary to in- 
clude a weighting factor to take this into account. In the case of a square 
array of sound absorbing surfaces, sound which travels parallel with the 
sides has the maximum path of length, S, while sound which travels at 
an angle of 45° has the minimum path of .707S. The difference between 
the mean length of path for the “a” and “bd” portion of energy cannot 
be greater than the difference between S and .707S. In view of the other 
approximations which must be made we shall neglect this difference in 
the mean length of path and assume that both the “a” and “bd” portion 
of energy travel the same distance between reflections. With these as- 
sumptions the energy remaining after four reflections would be: 


= + =) 
2 


Ey = BE = aE + (81828384) bE. 


Now let us assume thorough mixing. Then, after four more reflections, 
we would have: 


saa pe [OOF OO« possos}'s 


or in general: 


i = + (6x64)? 


n/4 
B | a+ (688800) 
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from which: 


| » [P= + (8384)? 





1/4 
p= , o + (s.8e6.8.) ‘ 


We desire now to ascribe suitable values to “a” and “b”. Consider 
first the case of a sound source at the center. We have assumed that for 
the first four reflections the (a) portion of sound will be very nearly all 
confined to opposite walls. Now in Fig. 4, if A =1/55, all sound within 
the angle @ would strike walls 1, 2 at least three times before striking 
walls 3,4 (if there were no dispersion). For an angle 6/2 the sound would 
| strike walls 1,2 at least six times before striking walls 3,4. The angle @ 
includes approximately 1/5 of the sound and “a” will be assumed to be 
1/5 and “b” to be 4/5. If we assume a source at any one of the corners, 

the values of “a” and “b” would not differ widely from those just chosen. 

We may now consider the more general case of a cube having sides 
1,2,—3,4, and 5,6. (Fig. 5) We will assume that some energy will strike 
all six sides in succession. Let this portion of the total energy be c. 

There will be three possible paths for the “a” portion of energy which 
strikes opposite sides. They are between 1,2,—3,4, and 5,6. There will 
also be three possible paths for the “b” portion of energy which strikes 
four sides. They will be 1,2,3,4—1,2,5,6 and 3,4,5,6. The “c” portion of 
energy will strike 1,2,3,4,5,6. To assume thorough mixing after every 
four reflections is inconsistent with the assumption of six successive re- 
flections for the “c” portion of energy. If we assume thorough mixing 
after every two reflections it would be impossible to have either four or 
six successive reflections. Let us assume, however, that we have 
thorough mixing after every two reflections and that the 6 and c 
portion merely starts out as though to strike four or six walls but that 
thorough mixing occurs after two reflections. The formula for 8 would 
then be: 

| 





™ jee: + B3Bs + BsBs) 
ie a 


1 
3 - 19 F183 + BiBs + BiBs + BiBs + BBs 


(2) 
1/2 
+ BBs + Bobs + B28s + BBs + BsB6 + Babs + BiBe)(b + o} 


If, in the same manner, we assume thorough mixing after every four re- 
flections the formula becomes: 
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- {See + (8384)? + a) 
| Rate cin OE insin O 


3 
4 (= + BiB2BsB5 + eeny + 1 G182828s + BiB 2B3B6 (3) 
3 12 


+ BiB2B4Bs + BiB2BsBs + BiB3B48s + 81838486 + 81838586 + BiBsBsBo 
1,4 
+ B2B3B4Bs + B2BsBuBs + 82838586 + 818.848,)c} 


where the c portion is assumed to start off as though to strike all six 
sides but is thoroughly mixed after striking four sides. 

Now, if we assume thorough mixing after every six reflections, a 
slight complication arises relative to the b portion of energy. For 
thorough mixing after every four reflections the formulae for just the 
b portion of energy produces: 


(81828381 + B182BsBs6 + BsB4B5Bo) , 
eins: mei. 


While if we assume eight reflections between mixing we have for just 
this portion of energy: 


[(:828384)* + (8:828s8s)* + (83848586)? }d_ 
3 


Now for six reflections the energy would strike four sides and then there 
would be two reflections left over which might come in any order. This 
would make the formulae unnecessarily involved. If we observe that for 
four reflections we have 162836, raised to the first power, and that for 
eight reflections we have it raised to the second power, we may assume 
that for six reflections it will be weighted reasonably accurately if we 
raise it to the three-halves power. Our formula then becomes: 


B a ‘| (8:82) — (Bs86)' |e 








4 = + (81828586)*/? + eee 


1/6 
+ [B18 28388586 | 


Now, referring back to the case of mixing after every four reflections, 


| 





If 
re 








oc ye - w@ Vw 





1932] C. A. ANDREE 545 


if in order to obtain a simpler formulae, we assume mixing after every 
four reflections for the a and b portion of energy and after every six re- 
flections for the c portion of energy; but then weight this portion for 
every four reflections in a fashion similar to that just employed above, 
we shall then have: 


“ {eee + (8384)? + od 
B= —— 


4 Pee ee 


4 (4) 
pair 3 |p + (9:8:8.8.8080"\ . 





If we assume thorough mixing after every single reflection, our formula 
reduces as we have seen in previous cases to that of the customary 
arithmetic average or 


gp. Tere Te ee. (1) 





We now seek suitable values for a, b, c for the case of a cube. Very 
much the same reasoning as in the preceding case may be applied. 
Where we assume four reflections, the angle @ will be assumed the same 
as that in the two dimensional case so that A is again 1/5 S. Fig. 5. The 
energy striking the small black square on the first reflection will be con- 
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fined principally to surfaces 1 and 2, for the succeeding three reflec- 
tions. This portion of the total energy will be (for all sides) 1/25. The 
energy striking the shaded rectangles will be principally confined to four 
sides and its portion of the total will be 8/25. The remaining energy 
16/25 will strike all six sides. For the case where we assume but two re- 
flections, it is apparent that the “a” portion of energy should be some- 
what larger. If A/S is 1/2 then about one-half of the energy striking the 
small black square on the first reflection would strike the opposite walls 
at least once before striking adjacent walls. Let us take A/S =1/2. Then 
the “a” portion of energy will be 1/4 while the 6 and c portions will total 
3/4. 

For the case where we are using 6 reflections, it is apparant that the 
“a” portion of energy should be somewhat smaller. We will take A/S = 
1/10. Then a=1/100, b=18/100 and c =81/100. 

Let us now calculate a few values of 8 by means of the five preceding 
formulae, remembering that formula 1 is the customary method of 
averaging. 

We shall then have the following table (Table IT): 

Before discussing this table let us consider what is implied by the 
statement of “thorough mixing.” Where this is assumed to occur for 
every reflection, as in equation (1), it means that for any element of 
sound reflected from a given area the probability is just as great that 
the sound will, on the next reflection, return and be reflected from that 
same area as that it will be reflected from any other equal area. While 
this is the assumption behind the statement of “thorough mixing” it is 
obvious that a milder statement will suffice to procure equation (1). So 
far as the average reflection coefficient is concerned, it can make no 
difference whether the sound returns to the area from which it was re- 
flected or whether it returns to some other area having the same reflec- 
tion coefficient. We therefore conclude that behind equation (1) lies the 
assumption that sound which is reflected from material having a given 
reflection coefficient has a probability of encountering, on its next re- 
flection, material with a like coefficient which is equal to the ratio of 
the area of that material to the total area present.* To fulfill this re- 
quirement it would be preferable to distribute the absorbing materials, 
in so far as possible, uniformly over the six walls of the room although 
the “edge effect” of the material, under these conditions, would proba- 


* This assumption may also be arrived at directly from the assumption that we have “dif- 
fuse sound” in a room. 
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bly be serious. It is apparent that this requirement is far from satisfied 
in reverberation chambers when the material is all placed on one wall 
as is customary. The probability that the sound which leaves this ma- 
terial will strike it again on the next reflection will probably be zero un- 
less mixing panels of some sort are employed. The argument that this 
requirement might be satisfied after the second reflection instead of 
the first, leads one to equation two instead of to equation one. 

Let us now turn our attention to a study of the table. We shall see 
that, with few exceptions, for a given room condition the values of the 
absorption coefficients either increase or remain constant with the 
different formulae in the following order, 1,2,3,4,5. Now we will recall 
that the number of reflections between “mixings” for the various formu- 
lae was as follows: 


Formulae Reflections 
1 1 
2 2 
3 4) different 
4 4) forms 
5 6 


This means that if the value of the individual absorption coefficients 
were given, and if from these the average absorption coefficients were 
calculated for a cube, formulae 1 would give values smaller than would 
any of the other formulae, and formula 5 would give the largest values. 
In those cases where the absorption coefficients over the six walls of the 
cubical room are the same, all formulae give the same results. As we de- 
part from this condition of uniformity, the discrepancies between for- 
mula 1 and the other formulae increase until we have the maximum dis- 
crepancy in case 8 where non-uniformity in the distribution and magni- 
tude of the absorption coefficients is greatest. This case, being in effect 
a room of but three walls, is so extreme that intuition serves as a rea- 
sonable check and we may safely say that neither formula 1 nor formula 
2 applies. In the other cases, the accuracy of the various formulae must 
await experimental verification. However, it may be of interest to study 
these values, somewhat more in detail. 

Consider cases 3 and 7 in which the distribution of the absorbing 
material is varied but the total amount remains fixed. In case 3 the ab- 
sorbing material is placed on opposite walls while in 7 it is placed on 
adjacent walls. For all formulae except 1, case 7 shows a higher average 
absorption than case 3. Formula 1 shows the same average absorption 
for these two cases. Cases 4 and 8, cases 12 and 14, and cases 15 and 16 
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all show, in the same way, a higher absorption for absorbing material 
placed on adjacent walls as compared with opposite walls. The conclu- 
sion to be derived from all formulae except 1, therefore, is that absorb- 
ing material is more effective when placed on adjacent walls than when 
placed on opposite walls. 

While this is the conclusion directly to be inferred from the data, it 
appears that the statement may be rephrased to bring out more clearly 
the physical situation which accounts for this conclusion. We observe, 
for example, that if two highly reflecting surfaces are so disposed in a 
room as to have opposite them two highly absorbing surfaces, the sound 
for the most part strikes alternately absorbing and reflecting surfaces. 
If, on the other hand, these four surfaces are so disposed in the room as 
to have the two highly reflecting surfaces opposite each other, and the 
two absorbing surfaces opposite each other, then a portion of the sound 
will strike, for the most part, reflecting surfaces and will not be readily 
absorbed, and another portion will strike, for the most part, absorbing 
surfaces and will be readily absorbed. The calculations indicate that in 
the second case the material is less effectively distributed due to the 
slow decrease in the energy from the two reflecting surfaces and that, to 
obtain the most effective disposition, absorbing material should be 
placed opposite reflecting material so the possibility that a portion of 
the sound energy will be confined to reflecting surfaces is reduced to a 
minimum. 

So far, we have considered only the situation in which the individual 
absorption coefficients were given and the average was to be deter- 
mined. It may be well, for completeness, to consider also the situation 
in which the periods of reverberation are given for a room under cer- 
tain conditions and the value of the individual absorption coefficients 
are to be determined. 

This calculation involves the use of the formulae for the decay of 
sound. Two such formulae are in use. That due to Wallace Sabine is: 


E; = Ege~t? (sa) /4V ¥ 


In this formulae a= 1—8 and 8, the average value of the reflection coef- 
ficient, may be determined from any one of the formulae 1,2,3,4,5, that 
have been developed in this paper. The second decay formulae was first 
brought to the author’s attention by R. F. Norris, of the Burgess Lab- 
oratory, and was subsequently developed at great length by C. F. 
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Eyring* of the Bell Telephone Laboratories. This formula takes the 
form: 


E, = Eye-” (—slog8) /4V 


where 8 may again be determined by any one of the formulae 1,2,3,4, or 
5, that have been developed. It is to be noted that (—S log 8) in 
Eyring’s formula is equivalent to (Sa) in Sabine’s formula. Let us sup- 
pose that the period of reverberation of a cubical room has been deter- 
mined under three conditions. Let each dimension of the cubical room 
be 20 feet. 

Condition 1 represents the empty sound chamber. The walls are sup- 
posedly concrete, having an absorption coefficient of ao and the period 
of reverberation is determined to be 6 seconds. 

Condition 2 represents the sound chamber with a test sample having 
an absorption coefficient a, completely covering one wall. The period of 
reverberation is now determined to be 1.0 seconds. 

Condition 3 represents an installation using this test sample. To sim- 
plify things this room is assumed to have the dimensions of the sound 
chamber. The sample is assumed to cover the three adjacent walls. The 
other three walls are assumed to have the same absorption coefficient as 
the empty sound chamber. 

If now we calculate the absorption coefficients & and & from condi- 
tions 1 and 2 and if, from these values, we determine the period of the 
room under condition 3 we will arrive at the values /, indicated in Table 
3. In this table the numerals 1, 2, 3, 4, 5, appearing in the column headed 


TABLE III 
*Formulae ao a ty ty’ 
Sabine 1 .0123 383 .376 .176 
Eyring 1 -0280 .803 .318 .318 
Eyring 2 .0280 752 .316 .285 
Eyring 3 .0280 .676 .322 235 
Eyring 4 .0280 .615 .346 . 206 
Eyring 5 .0280 .607 355 . 206 


Formulae, refer to the methods of averaging which have been developed 
in this paper. 
It is interesting to note in considering table 3 that the Sabine formulae 


* Reverberation time in “dead” rooms. C. F. Eyring, J. Acoustical Soc. Am. 1: 217-241 
(1930). 
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and the weighted arithmetic average give a value of a; which is low and 
a calculated reverberation time which is high compared with the other 
formulae. Just the reverse is true of the Eyring formulae and the arith- 
metic average. The other formulae result in values between these ex- 
tremes. It is also interesting to note that, although the absorption coef- 
ficients calculated on this basis differ widely, the periods of reverbera- 
tion do not differ very much. Thus there is a certain partial compensa- 
tion attained when the same formula is used both for determining the 
coefficient of the material and for determining the resultant time of re- 
verberation of the room. If the absorption coefficient had been assumed 
the same for each case the periods of reverberation would have differed 
by much larger amounts. This calculation is given in the last column 
of Table 3. Here the period of reverberation is calculated using the vari- 
ous formulae but keeping the values of a» and a; fixed. The values of ao 
and a are respectively .0280 and .803, the values obtained in the second 
row of Table 3. 

In conclusion, it may be well to emphasize the obvious limitations of 
the present paper. A method of attack has been developed yielding a 
number of formulae for the particular case of a cube. It is obvious that 
the same method of attack may be employed for other simple geometric 
shapes. In particular, it is hoped that the method of attack will be ap- 
plicable to sound chambers, since they are generally of simple geometric 
shape. The various formulae purport to account, in varying degrees, for 
the effect of dispersion. In addition, they contain other arbitrary con- 
stants such as a, b, c. It is hoped that these constants may turn out to 
be useful parameters and that the accumulation of data will assign rea- 
sonable values to these parameters, which will permit the extension of 
these formulae to rooms of more complicated geometrical shape. It 
would be quite feasible to adopt now such assumptions as would permit 
of greater generalization and simplification of the preceding formulae. 
For example, the discussion pertaining to Fig. 3 indicates that where the 
walls of the cube are made up of various materials it is permissible to 
obtain an average coefficient for this wall by adopting the ordinary 
arithmetic average for the materials composing the wall. However, it 
appears to the writer that such generalizations may far better await the 
accumulation of more extensive and more precise data. It is largely with 
the hope of showing the need for such data and of stimulating the search 
for it that this paper has been presented. 





COMMENTS ON THE THEORY OF HORNS 


By Wiiiram M. HAL 
Massachusetts Institute of Technology 


ABSTRACT 


The present theory of horns makes a number of assumptions and approximations relative 
to the nature of the motion within the horns. This paper discusses these assumptions and 
presents the results of an experimental investigation of the sound fields within a conical and 
an exponential horn. These results show the conditions actually existing in these particular 
cases, and therefore indicate to a certain extent the validity of the above assumptions and 
approximations. 


In order to get a mathematical solution for the behaviour of sound 
within horns, the actual problem has been simplified to a great extent. 
The problem which is left after the various simplifying assumptions and 
approximations have been made bears sufficient resemblance to the 
original to be of considerable interest. However, if no cognizance is 
taken of the effects of the simplifications, incorrect or extremely inac- 
curate conclusions may be drawn from the results obtained. The follow- 
ing paper discusses the assumptions and approximations usually made. 
A number of the points brought out have been verified by an experi- 
mental investigation, which is described at the end. 

The limitations of the present theory may be outlined briefly. The 
classical equations of sound, in the form in which they usually appear, 
consider waves of infinitesimal amplitude only. This limitation is im- 
posed in order to obtain simple usable equations. The intensities nor- 
mally met with in speech and music satisfy and therefore justify this 
limitation in the regions in which such speech and music usually occur, 
except possibly near the source. In order to apply these equations to 
the sound fields existing within horns, Webster introduced the idea of 
reducing the three dimensional field problem to a one dimensional 
circuit problem, making various assumptions as to the nature of the 
motion within the horn in order to make this possible. These assump- 
tions will be discussed below. The more recent contributions to the horn 
theory have consisted almost entirely of expansions of Webster’s theory, 
assumptions as to the nature of terminal conditions, solutions for par- 
ticular types of horns, and so forth, but the fundamental method of 
approach has remained substantially unchanged. 

The use of such approximate methods in the theory is justified only 
by the approximate nature of the results it is desired to obtain. The 
experimental knowledge of the facts to be explained or predicted by the 
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theory are in general no more precise than the theory itself. Conse- 
quently, no discrepancy between theory and fact is ordinarily apparent. 

The present theory is limited largely by the initial approximations re- 
quired in its formation. The nature and effects of these approximations 
and assumptions will be taken up in two steps, first in connection with 
the development of the classical theory of sound, and second in the 
application of this theory to horns. The results of an experimental in- 
vestigation will be presented to illustrate or illuminate certain points 
brought up. 

The equations of sound in which we are interested are the equations 
of wave motion in air. This motion may be completely and exactly de- 
scribed by the fundamental equations expressing the conservation of 
energy, the conservation of matter, and the elastic and viscous proper- 
ties of the medium. ; 

The relation: force = mass times acceleration, which results from the 
principle of the conservation of energy, may be written, neglecting vis- 
cosity: 
pdV /dt= —V >, or assuming irrotational motion: 

vp wv 1 


—+4+—+—vvV?=0. (1) 
p ot 2 


The equation of continuity, expressing the conservation of matter, 
takes the form: 


dp 
— + VVp + pvV:V = 0. (2) 
ot 

The relation between pressure and density, which will be seen to be 


the connecting link between the above two equations, may be ex- 
pressed : 


p 1 1 

—= ply = pol/t + — po-Y/¥Ap + ——————_ (1-29) 144 p? + »++ (3) 
k ” 7 ne . 2(y)(y — 1) " 

where: 


p=density 
k =constant 
p = pressure 
po= undisturbed or atmospheric pressure 
Vp =variation from above, or acoustical pressure 
y = adiabatic coefficient 
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Consideration of the kinetic theory of gas leads to the conclusion 
that the adiabatic relation is not incidental but inherent to the propaga- 
tion of sound in a gas. 

As mentioned above, the usual equations of sound consider only 
waves of infinitesimal amplitude. If this is the case, certain approxima- 
tions may be made in the above equations. The term (1/2 VV?) in 
equation (1) corresponding to the variation of velocity with space, be- 
comes negligible in comparison with the other terms and may be 
dropped out. The same is true for the term (VVp) of equation (2). The 
terms above the first order of Ap in the series expansion of equation (3) 
may be left off. The resulting equations are linear. As the motion is as- 
sumed irrotational, the velocity may be expressed as the derivative of a 
velocity potential, defined by: 


V = — Vo. (4) 


By proper manipulation of the modified equations the | ressure is found 
to be given by: 





p = pd¢/dt. (5) 
The following relation results: 
po dp 
vp — — —-=0 6 
Ot (6) 


which is the usual form for the equation of sound, in three dimensions. 
The velocity of propagation is given by: 


‘Po 
Po 


This equation may take various forms depending upon the coordinate 
system. in which it is set up, i.e., whether in rectangular, spherical, 
cylindrical, or other. Velocity and pressure may also be substituted for 
the corresponding terms in ¢. 

In applying the above equation to horns, the three dimensional prob- 
lem is reduced to a one dimensional problem by assuming the sound 
energy uniformly distributed over the entire wave front and consider- 
ing only motion in an axial direction. Thus, pressure is replaced by 
force (equal to pressure times area) acting on a cross section of the horn, 
and velocity by “volume velocity” (equal to velocity times area). 

Replacing the term in density by its equivalent in pressure, and mak- 
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ing the above substitutions, the simplified equation of continuity be- 


comes: 


1 d(p-A) 0 
V-A) =0. 7 
C ot ” "ts ( ) (7) 





Separating variables, and replacing p and V by their equivalent ex- 
pressions in ¢, this becomes: 





SS ba el (8) 
or FF t2% 

This is the fundamental horn equation as given by Webster. Its solution 
for various types of horns may be found in previous literature." 

The theoretical behaviour and relative merit of various types of 
horns are based upon the results obtained by the application of this 
equation. 

The meaning and effect of some of the assumptions and approxima- 
tions made in the above derivation may now be investigated a little 
further. 

1. The medium is considered a uniform, isotropic fluid. This is con- 
trary to the kinetic theory of gases, but is permissible at ordinary 
audible frequencies and intensities as the discontinuities are of di- 
mensions infinitesimal in comparison with the wavelength of the 
sound. 

2. Viscosity in the medium and wall friction are neglected. This is 
known to be in error, especially where small tubes and high velocities 
are concerned. The equations of motion, taking these effects into ac- 
count, may be set up for some cases? but are not easily solved in the 
case of horns. 

3. It is assumed that there are no external forces acting on the 
medium. This simply means that the forces acting on an element of the 
medium are due entirely to either the surrounding fluid or the accelera- 
tion of the element. The action of gravity on the air is neglected. 

4. The motion is assumed irrotational. Except at high intensities 
this assumption is permissible. It should not be overlooked, however, 


1 Ballantine: “On the propagation of sound in the general Bessel horn,” Jl. Franklin Inst., 
203, p. 85, 1927. 
Crandall: “The theory of vibrating systems and sound,” Chapter 4. 
2 Page: “Introduction to theoretical physics,” Chapter 6. 
Rayleigh: “Theory of sound,” II, Chapter 19. 
Crandall: “The theory of vibrating systems and sound,” Append. A. 
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but the effects should be taken into account at high intensities, es- 
pecially where the shape of the boundary of the medium is changing 
rapidly. The circulatory currents, or drafts, near the mouths of large 
horns are very appreciable. 

5. Only infinitesimal vibrations are considered. A number of approxi- 
mations result from this assumption which will be discussed below. It 
leads to no startling fallacies for waves of ordinary speech intensity in 
free space; however, the amplitude of the vibrations at the throat of a 
horn producing this intensity at a great distance from the horn may be 
tremendous, and the assumptions of infinitesimal motion in such a re- 
gion is fallacious. 

First, it follows from this assumption that the equation relating to 
the pressure and density of the medium, 


p = kp, 
may be expressed as a linear relation, 
Ap = k’Ap. 


The possibility of distortion as a result of nonlinearity of the medium 
is thus ignored. As the intensity is increased the importance of the 
higher order terms increases very rapidly. Their amplitude may even 
equal or exceed that of the fundamental, at intensities occurring in 
actual practice. For an exact solution for the behaviour of a horn this 
would have to be taken into account. In the actual design and con- 
struction of horns it is, an attempt being made to keep the intensity at 
the throat low enough to prevent excessive distortion from this cause. 

It also follows as a result of the assumptions of infinitesimal vibra- 
tions that effects resulting from the departure of an element of the fluid 
from its equilibrium position may be neglected. Thus in equation (1), 
the equation of motion, the term (1/2 Grad. V?) is neglected. This is the 
part of the term (dV /dt) produced by the departure of the element in 
question from its initial position. 

It has been pointed out by Ballantine*® that the neglected term may 
be even larger than the one considered, under conditions which might 
be met in actual practice. 

At the same time the term (VVp) in equation (2) is neglected. This 
term is of less importance than the one just discussed, as the pressure 


3 Ballantine: “On the propagation of sound in the general Bessel horn,” Jl. Frank.Inst., 
203, p. 85, 1927. 
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(and therefore the density) varies inversely as the radius of a spherical 
wave, rather than as the square of the radius, as does the velocity at 
small radii. 

An excellent treatment of finite waves, showing the effects of the 
various factors ordinarily neglected, has been made by Professor Fay.‘ 

As the amplitude of the vibrations are considered infinitesimal, their 
products and squares are neglected. The general effect of this neglect 
is the same as discussed above. 

The above assumptions and approximations apply in general to the 
classical theory of sound. They are mainly in regard to the amplitude 
of vibrations, and are justified in most cases. A somewhat more impor- 
tant group, in so far as the theory of horns is concerned, occurs in apply- 
ing the classical theory to the horns themselves. These assumptions and 
approximations are not nearly as well defined, and it is somewhat more 
difficult at times to see just what their effects would be. 

The general procedure is to assume that the sound travels in an 
axial direction, and is uniformly distributed over the entire wave front. 
The possibility of nonradial vibrations is rarely even mentioned, much 
less taken into account. In so far as the radiation external to the horn 
is concerned, the wave at the mouth is usually considered plane. The 
reaction at the mouth, if taken into account at all, is assumed uniform 
over the entire surface. Usually the mouth of the horn is assumed large 
enough so that the reflection due to change in impedance is neglected 
entirely. At other times the end correction for pipes, as developed by 
Rayleigh for small cylindrical tubes, is applied. 

The assumption that the sound travels in an axial direction and is of 
uniform intensity over the entire wave front is, among other things, 
contrary to simple physical reasoning. As the horn flares out this would 
require the energy to travel outward along curved paths, the energy 
density being independent of the curvature of the path. In general, 
exponential horns are designed with the plane cross section perpendicu- 
lar to the axis varying exponentially. This presupposes that the ad- 
vancing wave front in the horn is plane. This requires of the sound 
energy, in addition to the above mentioned requirements, that the 
velocity of transmission be greater along the more curved paths. The 
conical horn is unique in that it isolates a section of space in which 
spherical radiation may occur. Neglecting the reaction at the mouth, 


4 Fay, R. D.: “Plane sound waves of finite amplitude,” Jl. Acous. Soc. of America, 3, p. 
222, October 1931. 
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wall friction, and so forth, the assumption of uniformly distributed 
radiation is not an approximation in this case. 

In predicting the operation of various types of horns the same as- 
sumptions are usually made as to the nature of the reaction at the 
mouth of the horn and the radiation external to the horn. In the case 
of two horns of the same overall dimensions, one conical and the other 
exponential, it can readily be seen that the wave front at the mouth 
of the exponential will have a great deal shorter radius of curvature 
than at the mouth of the cone. The wave front may not be actually 
spherical in either case, but it will be perpendicular to the wall of the 
horn at the edge, and the above conclusion follows. At high frequencies 
the radiation from a flat vibrating surface is in the form of a beam; from 
a sphere, spherical. For surfaces between these two limits the radiation 
will vary according to the curvature of the surface. Therefore, the radia- 
tion from the conical horn would be expected to be more directed than 
that from the exponential horn. This would presumably tend to in- 
crease the relative intensity at points in front of the horn, and unless 
the complete field surrounding the horn be measured a true comparison 
of the efficiencies could not be made. 

This same phenomenon has another aspect not ordinarily considered. 
It is generally desirable to have the discontinuity at the mouth as small 
as possible to prevent reflections at this point. A horn which flares out, 
and either eventually flattens out into one wall of a room, or merely in- 
creases the curvature of the emitted wave front as in an ordinary ex- 
ponential horn, presents a much lesser discontinuity than does one 
with a plain conical section. 

Furthermore, the interior of a horn with flaring walls is much less 
conducive to transverse vibrations, or standing waves, than is a plain 
cone in which the sides are very nearly parallel. Such vibrations within 
conical horns have previously been investigated® and shown to be both 
possible and probable. 

The above discussion indicates the general state of the present horn 
theory and the desirability of obtaining data on the actual phenomena 
occurring within horns. 

An experimental investigation of the fields within an exponential 
horn and a conical horn of the same overall dimensions was carried out 
with this in view.’ This investigation consisted primarily of an actual 


5 Hoersch: “Nonradial harmonic vibrations within a conical horn,” Physical Review, 25, 
218, 1925. 

6 Hall: “An investigation of sound fields within regions restricted by finite boundaries,” 
M.1.T. thesis, 1932. 
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Relative phase in deqrees 


Relative pressure amplitude 


PiateE I. Relative amplitude and phase of pressure within exponential horn at 120 c.p.s. 


Diameter of mouth of horn 72 cm. 
Length of horn 173 cm. 
Area given by A =A 9 e-%, 





PiaTeE II. Relative amplitude and phase of pressure within exponential horn at 800 c.p.s. 
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point by point determination of the amplitude and phase of the sound 
pressure at various frequencies. A special condenser transmitter was 
constructed to make these measurements. The diameter of the trans- 
mitter was about three-quarters of an inch (2 cm.), and the transmitter 
was mounted on the end of a three-eighths inch (1 cm.) steel tube. It 
was therefore small in comparison with the wave-lengths of the sound 
at the frequencies measured. Change in its location produced no notice- 
able effect on the output of another transmitter mounted near it, and 
the general consistency of the results obtained tend to substantiate the 
measurements. 
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PrateE III. Relative amplitude and phase of pressure within conical horn at 800 c.p.s. 


90 
9 Relative phase in degrees 







Diameter of mouth of horn 76 cm. 
Length of horn 183 cm. 


The investigation was limited to the case of infinitesimal waves. 
Therefore no information was obtained relative to the assumptions and 
approximations of the classical theory of sound as they have been out- 
lined above. However, the investigation did give considerable informa- 
tion relative to the shape of the advancing wave-front, the distribution 
of energy, the reaction at the mouth, and the nature of the standing 
wave system within the horns. Plots of some of the results are shown 
in the accompanying plates. 

The pressure of which the amplitude and phase are shown is the sum 
of the pressures of the initial and reflected waves existing within the 
horns. It was found that the pattern existing could be approximated 
very closely by assuming that the major portion of the reflection at the 
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mouth took place at an annular ring around the periphery. It will be 
seen that the effect is more pronounced in the conical horn that in the 
exponential, as a result of the greater discontinuity existing at the 
mouth of the former. 

The reaction at the mouth of a horn is frequently approximated by 
calculating the average reaction on a vibrating rigid piston of the same 
size as the mouth of the horn. If, instead, the reaction on each point of 
the piston be calculated, the impedance offered by the external medium 
will be found to produce reflections as above assumed. 

Various points mentioned above in the discussion of the present 
horn theory are illustrated in the plates. The more nearly flat wave-front 
at the mouth of the conical horn, resulting in the increased effect of the 
discontinuity at the mouth and in turn the more intense reflections 
within the horn may be noted. The exceptionally high phase velocity 
in the exponential horn at low frequency and the uniformity of the 
distribution of the energy in the throat of the horns are apparent. To 
this extent the present theory is substantiated. 

A number of conclusions relative to the present horn theory may be 
drawn from the above. First, the limitation of the classical equations 
initially used must be recognized. The possibility of amplitude distor- 
tion resulting from the non-linearity of the medium and the departure 
of an element of the medium from its undisturbed position must not be 
overlooked. Second, the fact must be recognized that Webster’s theory 
gives no indication of the shape of the wave-front within the horn, the 
effect of this shape on the radiation external to the horn, or the possi- 
bility of transverse vibrations within the horn. In comparing the be- 
haviour of various horns these factors should not be ignored. 

The preceding discussion has dealt with practically ideal theoretical 
cases. The effects of vibrations and losses in the horn walls and of in- 
ternal reflections in other than straight horns are matters about which 
there is practically no knowledge other than empirical at the present 
time. 

The impossibility of verifying more exact theories experimentally has 
heretofore justified the use of the present horn theory. However, this 
restriction is rapidly being removed, and it is to be expected that re- 
finements in the theory will be made to keep pace with the experi- 
mental technique. 

In closing, the author wishes to express his indebtedness to Professor 
Fay for the suggestion and supervision of the above investigation. 
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ON INTERFERENCE ELIMINATION 
WITH THE WARBLE TONE 


By W. L. Barrow, Sc.D. 
Massachusetts Institute of Technology 


ABSTRACT 


The effect of a frequency modulated tone, also called warble tone, in eliminating the dis- 
turbing space and time interference phenomena which accompany the use of a single tone 
in objective acoustical measurements is discussed. A criterion for determining the minimum 
allowable frequency variation is set up, this being that the frequency change should be just 
large enough to shift the relative phase of direct and reflected sound waves through 180°.Based 
on this criterion the relative change of frequency is derived in terms of the original frequency 
and the path difference L, where L denotes the difference in distances from source to trans- 
mitter travelled by the direct and reflected sound waves. The warble tone may be represented 
by: 

fo= 1( 1) sin 21(fot+na)t. 
n=—0o 


It is then shown that the effectiveness of the warble tone depends upon the path difference L 
and upon the middle frequency fo. A desirable value for L is found to be L230, where Ap =0/fy 
(v=velocity of sound in air) is the wave length corresponding to fo. While Af/a alone is the 
controlling factor for the frequency spectrum of the warble tone, its suitableness for acoustic 
purposes is governed instead by Af/fo. It is demonstrated that a very slow frequency variation 
through a given band may be replaced by several simultaneous equal amplitude components 
arranged symmetrically with that band, provided the band width and location are given the 
proper value corresponding to the particular value of L. The standing waves (R.M.S. value) 
produced by a warble tone are calculated and illustrated on an example, from which the above 
consequences are made more obvious. The standing waves of simultaneous equal amplitude 
tones are also shown. The factors governing the elimination of transient interference with the 
warble tone are found to be the same as those valid for the elimination of standing waves. 


I. INTRODUCTION 


The disturbing effects of the reflections from the walls and other 
surfaces of rooms used for making acoustical measurements, even when 
the room has been “damped,” are a continual source of difficulty. The 
measurement of absorption coefficients, etc. has also been subject to the 
same disturbances. These reflections cause unwanted variations of 
amplitude of two kinds!: first, space interference, in which an interfer- 
ence pattern is set up under action of a constant tone; and second, time 
interference, occuring when a tone is started or stopped and the build- 
ing-up or decay of the sound intensity at a fixed point in space takes 
place in successive jumps, which may give either a momentary increase 
or decrease of the instantaneous amplitude, instead of smoothly. The 
serious discrepancies arising from the use of a constant tone in objective 
acoustical measurements of all types have resulted in the employment 


562 




















































1932] W. L. BARROW 563 


of many schemes for avoiding this interference, such as rotating baffies, 
several sound sources or transmitters, swinging or rotating sound source 
or transmitter, etc. Probably the most successful method has been the 
use of a warble tone,” or a tone whose frequency is periodically varied 
| through a fixed range about a middle value, preferable with the ampli- 
tude constant. Much work has been done using such a tone, resulting 
| in several very ingenious and effective methods for measuring ab- 
| sorption coefficients, reverberation times, acoustic quality of rooms, 


is- 
ne 


im etc.?-45.6, and analytical expressions for the Fourier representation of the 
ws warble tone are on hand and have been experimentally proven. Never- 
cy theless, several important factors involved in the nature and applica- 
1S- tion of this type of wave have as yet received no attention, although 
ed 


they are essential to the correct application. It is the purpose of this 
paper to point out these factors and to make clearer the action of the 
frequency modulated tone in eliminating interference. 


II. THe EFFECT OF FREQUENCY MODULATION 


When a constant tone is sent from a source in an inclosed space a 
stationary condition is finally established; the pressure ampli*ude at a 
given point remains constant with time, but throughout this space an 
os interference pattern is formed, in which the pressure amplitudes at 
different points bear no simple relation to the distances of the points 
in question from the source or to the added energy reflected from the 
inclosing walls. It is desirable, however, that the pressure measured at 
any point in space have a value depending only upon the distance from 
the source and the total reflecting capabilities of the surrounding sur- 
faces, but without the effects of the interference pattern. More specifi- 
cally it is desired that the r.m.s. value of the pressure (generally the 
quantity measured in electro-acoustical methods) at any point be sub- 
stantially independent of standing wave effects. Now the warble tone 
is used with exactly this purpose in mind. The idea involved is that the 
pressure amplitude at a given point shall progressively acquire the 
values corresponding to all possible phase relations of the direct and 
reflected sound waves. This is brought about by periodically varying 
the frequency of the tone continuously through a ‘certain range; by 
means of suitable apparatus the r.m.s. value of the pressure is to be 
measured. It is thus essential that the frequency variation be at least 
large enough to produce a 180° phase shift of direct and reflected waves 
ve at all points under consideration and for all possible reflections. 
The three dimensional problem presents enormous difficulties in all 
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but the simplest cases. However, by far the strongest influence in the 
production of a decided interference pattern are those waves which 
reach the transmitter after having undergone only one reflection. This 
follows, since the 2nd, 3rd,... reflections are greatly weakened in 
amplitude by absorption at the reflecting surfaces, in the air, etc. A 
fairly good representation of the phenomena may thus be had by dis- 
regarding all but the first reflection; this will be done in all that follows. 
Under these circumstances a further simplification may be reasonably 
effected by the consideration of only one reflecting surface; the three 
dimensional situation can then be built up from the special case by a 
linear superposition of the pressures at each point in space due to the 
several reflections individually. For the purposes at hand the restricted 
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Fic. 1. L=l’—l. S=source, S’=image source, E=transmitter and W =reflecting surface. 


case of one source, one reflecting surface and one transmitter will prove 
entirely adequate, so that an extension to the more general case can 
easily be made. 

The situation is represented by Fig. 1, where the transmitter is lo- 
cated at E, the single reflecting surface at W and the sound source at S. 
The effect of the reflection from W may be replaced by an image source 
S’, which produces interference with S at every point of space outside 
of the surface. Two quantities are thus sufficient to describe the events 
in space, namely: the distance / from source to transmitter, and the 
distance 1’ from image source to transmitter. For certain purposes 
however, it is more convenient to use the difference of these two quanti- 
ties, viz. L=/—l’, which will be called the “path difference” of the 
direct and reflected sound waves. 

As indicated above it is required that the variation of frequency ex- 
perienced by the warble tone be, for example, at least large enough to 
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change an anti-node into a node at the place in question, otherwise the 
proper elimination of interference effects will not take place. On the 
other hand we do not wish to make this variation too large, as the re- 
flection coefficient, absorption coefficient, etc. are functions of fre- 
quency. It is usually desirable to refer all measurements made with the 
warble tone to the middle frequency, i.e. to a single constant tone, and 
obviously this can only be justified when the frequency modulation is 
so small that selective reflection, etc. effects are absent. Our first prob- 
lem is therefore to determine the proper value for the frequency modu- 
lation. 
It is clear that for an anti-node at E it is necessary that: 


L 
A=—>, m=0,1,2,--- (1) 
m 


where L is the path difference as defined above and J is the wave length. 
Now let the wave length change slowly; for the first node occuring at 


E we have: 


L 
’ = ——>, m=0,1,2,--- (2) 
m+ 


The plus or minus sign indicates that the change from antinode to node 
can be achieved either by an increase (—) or by a decrease (+) of the 
wave length. 

The fact that m is multi-valued limits somewhat the possibility 
of going forward here; for instance, an exact single-valued expression 
for \’ in terms of \ can only be secured with m as a parameter. We thus 
get from (1) and (2): 

m 


d’ _ i m= 0, 1, 2; eg = (3) 
m+%5 


or the equivalent expression for frequency: 
1 
f= 1t—)f m=0,1,2,---. (4) 
P 2m 


From this equation it is at once apparent that f’ depends both upon the 
original frequency f and the path difference L, which latter is implicitly 
contained in m. On the other hand it would be preferable to have L 
appear explicitely in the equations. This may be achieved if we proceed 
somewhat differently. 
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In specifying that the node resulting from the change from f to the 
new frequency f’ be the first to occur as the frequency is continuously 
varied we have definitely required that f’ have, of all possible values 
corresponding to m=0, 1, 2,--- , that value nearest in magnitude to 
f; this can only happen when m in equations (1) and (2) is identical, re- 
gardless of its absolute magnitude. We may therefore eliminate m from 
these two equations. While for any pre-assigned frequency there are 
only discrete values of ZL giving an anti-node or a node, the results will 
nevertheless be valid for all values of L if a slightly different criterion is 
used, namely: the relative phases of the direct and reflected waves must 
be shifted through an angle of 180° by the change of frequency f’ —f. 


1250 











L m meters 


Fic. 2. Proper value for frequency change. 


Proceeding in this manner and eliminating m from (1) and (2) we get 
in frequency units the expression: 


L 1\ 1 
r-(Het)3 
‘ 2 f 


p= (=) -54 (5 


20 L 2L 





where 7 is the velocity of sound in air. Equation (5) is shown graphically 
in Fig. 2 for the special case of f = 686 c.p.s. Below L =d/2 =} meter no 
possible change in frequency downwards can effect a relative change 
of phase of 180°, and only as L attains values equal to several wave 
lengths does a relatively small frequency change suffice to do this. The 
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second term of the expression, i.e. v/2L, gives the magnitude of the 
required change. From (5) the relative change of frequency 5f required 
to change a pressure maximum into a minimum, or more correctly that 
required to change the relative phase of the two waves by 180°, is found 
at once to be: 
ft—-f 
Sheet OL 


= + —-.- 
f f 2fL 


This equation gives an hyperbola in either f or L, as shown in Fig. 3; 
as we go further out from the reflecting surface, or as the path differ- 


v 





(6) 


8 


* ww & 


Fic. 3. Relative frequency change. 


ence L gets larger, the relative change in frequency required becomes 
smaller, and also as the frequency increases this quantity becomes less. 

The inference to be drawn at once is, that if the magnitude of 6f is 
limited, for reasons already made clear, we set a minimum value for L 
below which the proper elimination of interference effects cannot take 
place by this method. If we make L too small one is thus forced to have 
éf inconveniently large and selective reflection or absorption effects can 
easily make the interpretation of results ambiguous. The meaning of 
this is then, that the transmitter and the source should be located near 
the center of the room; at least, neither should be located very close to 
a wall or other surface which reflects well. 
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The actual manner in which the amplitude* at a given point varies 
with the frequency is to be found in equation (12c); it is: 
aL 


cos——f 
v 


A= (7) 








where the bars denote the absolute magnitude. This is simply a recti- 
fied cosine wave in terms of f whose period is inversely proportional to 
L and is shown graphically in Fig. 4 for a value of L=4 meters. It is 
interesting to note that R. L. Hanson’ has pointed out the effect of this 


on ie wes 
SAA 
{tt 


100 200 





4000 
Frequency in C.p.s. 


Fic. 4. L=} meter. Amplitude vs. frequency. 


frequency variation phenomena on the electrical recording of sound and 
checked it experimentally. 


III. STANDING WAVES OF THE WARBLE TONE 


It is of prime importance to know the nature of the stationary wave 
configuration built up when a warble tone is continuously transmitted 
from a source and reflected from a surface, so that the direct and re- 
flected waves interfere at every point in space. We thus go from the 
consideration of the instantaneous effect of a slowly varying frequency 
(§II) to the case of the actual warble tone, where the rate of frequency 
variation may be as high as 20 c.p.s. per second or more. The warble 
tone can be resolved into an equivalent spectrum of simultaneous, dis- 
crete frequencies after the methods of Carson,* van der Pol,’ and 
Salinger’®; the correctness of this analysis has been experimentally 
shown.* This spectrum representation of the warble tone will be used 
in what follows; it is given by: 

= /d 
@ = : be x (~) sin 2r(fo + na)t (8) 
n=—0o Qa 


* See discussion on page 12. 








Ww 


F 


thi 
wa 
du 
va 
juc 


wh 


SEV 


sid 
tho 
ent 








and 


ave 
tted 
-_re- 

the 
ncy 
ncy 
rble 
dis- 
and 
ally 
ised 


(8) 





1932] W. L. BARROW 569 


where 
J ,(Af/a) = Bessel function of nth order 
Af =} of total frequency variation 
a=frequency of variation 
fo=middle frequency. 
The appearance of the spectral distribution of a typical warble tone, 
which will be used as an example throughout this paper, is given in 
Fig. 5. 


f, 


7 = f 


' At ' 


Fic. 5. Warble tone spectrum for fo=686, Af= +100, a=20 c.p.s. 


By the use of (8) we are able to replace the process of a periodic fre- 
quency variation by that of simultaneous constant frequencies, and 
thus are able to easily calculate the interference phenomena of the 
warble tone by combining in the proper manner the interferences pro- 
duced by each discrete wave of (8). As already mentioned, the r.m.s. 
value of the pressure is the quantity generally measured; it is therefore 
judicious to use this as our scale, so that we have to find 


17 a+he+--. 
P(L)+.m.s. = /—{ ped! = ‘/- = — (9) 
T V0 Z 


where a, b, - - - , are the maximum amplitudes of the pressures of the 
several components. 

Van der Pol has pointed out that the components of (8) lying out- 
side of the region f+ Af are of negligibly small amplitudes compared to 
those inside of this band; accordingly the number of components pres- 
ent is given by: 








2-A 
pees ae (10) 
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where JN is the nearest whole number. We may therefore write (8) 
in the form: 
N/2 A ; 
© = > Jn (= sin 2r(fo + na)t. (11) 
n=—N /2 a 
Now in Fig. 1 the actual amplitude at any point E for a constant 
tone at S depends essentially on whether plane, spherical, etc. waves are 
sent out. For spherical waves, i.e. for a point source, the amplitude is 
given by: 


Am (=) sin at _ =) + =} 
Hae a) 


where the new distance ¢=1'’—L/2 has been introduced. For the case 
of plane wave transmission we must either assume / and /’ very large 





(12a) 





5 W 





Fic. 6. S= plane wave source; L=l'—1; ¢=l'—L/2. 


in Fig. 1, or else restrict our analysis to another arrangement, for in- 
stance that of Fig. 6; the amplitude is then given by: 


1 = Ao] sin 2e f(s - ©) 4 = h 4 sin2 (n- = : 12b 
A = Ao} sin2r4{ fi ~) - sin r{(f ~)— = ¢ ) 


The range of values with spherical waves is less than that with plane 
waves, since the reflected wave is smaller than the direct; thus plane 
waves give a more severe test of the warble tone than spherical waves 
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and so will be used in what follows. The familiar equation for a standing 
wave can be obtained from (12b) by simple trigonometry: 


A= {2 cos =| sin 2n(s - “) (12c) 
v nN 


It is now only necessary to construct an equation similar to (12c) for 
each component of (11) and substitute these in (9) to get the desired 
r.m.s. value of the pressure as a function of L; this gives at once: 


as N/2 A 2 rl 1/2 
P(L)warble = va p * {Js (~)} cos? — (fy + na) | — 
v 


Tone —N/2 a 


In passing it is interesting to note the result obtained when all com- 
ponents present are of equal amplitude; this is secured from (13) by 
setting J,(Af/a) =1 and reducing the amplitude by 1/\/N +1 (for pur- 
poses of comparison with a single tone), whereupon we get: 





Vi [MR Oak U2 
P(L) Equal = ah cos? fotn | . 14 
( cosa gs 2») : (fo + na) (14) 


The warble tone whose spectrum is given in Fig. 6 will be used to 
illustrate the above. From (10) we have that 11 tones will be present. 
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Fic. 7. R.m.s. standing waves for constant tone (a), warble tone (b) and 11 simultaneous tones (c) 


In Fig. 7 are shown the standing waves produced by: 
} (a). Asingle tone, f= 686 c.p.s. 
(b). The warble tone, eq. (13), Fig. 5, fo=686, Af=100, a=20 c.p.s. 
(c). 11 equal amplitude tones, eq. (14), whose frequencies are identi- 
cal with those of (b). 
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In these curves more than in any other way we see the result of a warble 
tone in eliminating the strong space interference occurring when only 
one constant tone is used. From a consideration of (13), as well as from 
the curves, it also becomes clear that provided L is great enough no 
strong dependence upon fy exists, so that small alterations in either L 
or fo (such as might occur during measurement, etc.) cause practically 
no variation in the amplitude at the receiving point E. We are again 
shown that the path difference of direct and reflected sound must be 





Fic. 8. a, b, c. Oscillograms of standing waves for constant tone (a) and warble tones (b and ¢). 


large to insure the proper operation of the warble tone, and we can 
specify that for all applications of the warble tone tone to the elimination 
of interference effects L should be several wave lengths in magnitude, 
or say: 


v 
Lz ™&<3—.- (15) 
fo 


The three oscillograms of Fig. 8* are experimental illustrations of 
the foregoing. They were all taken by drawing a microphone along a 
rail-suspension between two points m and m’ in a certain room, and so 


* From author’s doctor’s dissertation, Munich, Dec. 23, 1930. 
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give a picture of the stationary interference pattern along the same 
path in each case. 8a shows the strong variations in amplitude occuring 
with a constant tone of 580 c.p.s. The middle oscillogram 8b is taken 
with a warble tone having fo = 580, Af = 20, a= 24; it shows clearly the 
superposition of several distinct component tones and a tendency 
towards a less variable amplitude. The last oscillogram 8c is with fo 
= 598, Af=202, a=14, and we see that here the local variations of 
amplitude have entirely vanished; this case represents that which is 
desired from the warble tone. These oscillograms show convincingly 
that its adequacy depends, with given Z and fo, upon having Af suffi- 
ciently large. 


IV. FREQUENCY VARIATION VS. SIMULTANEOUS TONES 


The ideal situation of a very slow variation of frequency as treated 
in II is of little value practically, because such a slow variation is not 
in general suitable to the instruments used in making acoustical meas- 
urements and also because one would have to deal with a continual 
transient state due to the effect of reverberation. The use of a rapid 
variation such as a warble tone may however be considered to be the use 
of simultaneous discrete tones. It is therefore of considerable interest 
in this connection to compare the effects of: (1) a slow frequency varia- 
tion of proper range, and (2) several symmetrically located tones inside 
this range. 

The average amplitude for a slow frequency variation is given by: 


f  R(Ndf 


1 


A,= » fed>fi. (16) 
jam ts ; J 


Substituting the value of F(f) from (12c) gives 
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The frequency range f:<f<fe2 is to be given its proper value as de- 


termined by (5), so that we have to substitute for f, the value fe=f; 
+ V/2L; putting in these limits (17a) can be reduced to: 
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Thus, the average amplitude of a slow frequency variation through the 
proper range is a function of both L and f;. If, however, f; is given such 
a value that an anti-node occurs at the receiver, i.e. cos tLf:/V =1, 


then f;,=mV/L,m=0, 1,2, - - - , and (17b) becomes: 
. 4 
A,*=—-: (17c) 
T 


That is, when the frequency is so varied that the instantaneous ampli- 
tude at the receiver goes from any maximum to the nearest minimum 
the average amplitude is independent of the path difference L or the 
absolute value of the frequency /:. 

Consider now the case of several (u) simultaneous equally spaced (a) 
tones; the expression giving the average amplitude is: 





ne ; a 2 aL 
=— DF,.(f)=— > | cos—(fi + na) |. (18) 
KM n=0 KB v 


0 


As was the case with (17b) this is also in general function of f; and L, 
as well as wu. This may be written as: 


2 L Ln L La Ln 
on =| cos ¥ me cos eee sin a 2 uu sin ~ “| 
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Now let us arrange the yw tones so as to exactly cover the proper fre- 


quency range as given by (5). Then fi gives an anti-node, cos tLf,/V 


=1,sin tLf,/V =0 above, ars 


— cos 


wLna 





(19a) 
v 


This may be evaluated by means of the Euler summation formula 
(compare Riemann-Weber, Vol. I, p. 34), which gives a closed expres- 
sion for the sum of a finite series of functions whose argument has the 
values 0,1, 2, --- ,m;itis: 


Syn) = f " f(n)dn + 3[ fu) + £0)] + Re- 


Applying this to (19a) we get at once: 
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2 vv. wrLlna}\- rLhya 
= ; + {cos + 1) + R,|. 
0 v 


= sin 
Me 
Since we arranged the yu tones over the band f2 — fi we have 
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fe ow fy v 
= = by (5)), 
i : ae (by (5)) 
which allows the last equation to be reduced to: 
“ 2 v 1 
A# = | +—-+ R, | 
uLrLla 2 
(19b) 
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1/u and the remainder R, both become rapidly negligible with inerca-s 
ing w, so that (19b) converges very rapidly toward 4/7. Thus we find 
that if the proper frequency region is uniformly covered with u discrete 
tones the average amplitude is independent of path difference L and 
absolute frequency /:, f: being again chosen suitably for the given value 
of L. Comparing (19b) and (17c) it is clear that the eflects of a slow 
frequency variation and simultaneous tones are practically identical 
when the number of discrete tones is large, the discrepancy being of the 
order of magnitude 1/y; i.e. we have: 

. ‘ + 1 4 

A?* 2A =—) K (19c) 


T iu T 





or in other words, under the above conditions several tones located 
symmetrically within the proper frequency band have the same average 
effect as a slow variation of frequency through the same band. 

The above analysis holds for equal amplitude tones. The warble 
tone however has components of various amplitudes, as given by its 
Fourier representation (8), so that in general the effect of a rapid varia- 
tion (i.e. the simultaneous tones above) will not be the same as that 
of a very slow one. Usually the value of Af/a is made quite large in 
practical measurement work, so that many components with ampli- 
tudes which do not vary greatly from their mean value exist inside 
the band® and therefore the analysis is roughly valid. It must be em- 
phasized as a result of this paragraph that ideally the warble tone must 
have a frequency band width just large enough to satisfy (5) and located 
precisely over this proper variation band. 
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V. SIGNIFICANCE OF Af/fo 


In conjunction with the part played by L in the application of the 
warble tone must be considered that of the absolute value of the middle 
frequency fo. The number of components present in (8) is determined 
completely by the ratio Af/a; thus fp in no way influences the spectral 
distribution. However, the space-acoustical effect depends principally 
upon Af/fo. This follows directly from §1; the necessary frequency varia- 
tion required to change an anti-node into a node is given by (4), and 
in the terminology of §III this becomes: 

f 


2-af a f- fata 
f 


Af = +—-- 
J 4m 


(20) 


That is, the required Af depends directly upon fo, as well as L. We may 
say then, that the controlling factor for the application of the warble 
tone is the ratio Af/f, and not Af/a. One cannot predict simply from a 
given fo and Af/a whether or not the warble tone is suitable for the pro- 
posed purpose (i.e. room, transmitter location, etc.); for instance, Af 
and a could both be varied so that Af/a remained constant, whereby 
quite different results would be secured, because, as shown above, the 
important quantity for determining the effect of diminishing the space 
and time interference is Af. That is, Af/fo is the fundamental measure 
of the warble tone effectiveness. This is a fact quite often ignored in the 
practical application of the warble tone to acoustic measurements. 


VI. TRANSIENT INTERFERENCE PHENOMENA 


If a single tone is suddenly sent from a sound source in an inclosed 
space a certain time elapses before the steady state is reached, during 
which the pressure amplitude at any point varies abruptly and errati- 
cally. A similar phenomena takes place upon suddenly stopping the 
source after the stationary conditions have been set up. The cause of 
this is known to be the different times required for the direct sound 
and the several reflections to reach zero amplitude at the transmitter, as 
well as their relative phases. One of the chief applications of the warble 
tone is to eliminate or at least to minimize this irregularity, so that a 
monotonic change of amplitude will be secured, or if possible even an 
exponential one, as predicted by the reverberation theories of Sabine, 
Jager and others. 
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Using the simplifications of the preceding paragraphs it is seen that 
with constant frequency the pressure amplitude at a given point may 
have any value between 0 and twice the amplitude of the direct wave, 
as illustrated by the example of Fig. 7. When the source is suddenly 
stopped the first alteration in the amplitude at the point in question 
is a jump, which may be either an increase or a decrease, followed later 
by the abrupt drop of the amplitude to zero occurring when the end of 
the sound wave reaches the point. A consideration of the curve of r.m.s. 
amplitude vs. path difference in Fig. 7 for the warble tone example 
given makes it at once clear that in this case the absolute value of L 
plays an essential part in determining the nature of the first sudden 
alteration of intensity. With increasing L the pressure is now asympto- 
tic to a constant value, so that for large enough values of LZ the first 
abrupt change in amplitude is practically independent of small variations 
in L, which is not at all true for a constant tone. For Fig. 7 the asymp- 
totic value is 0.66, while the value for the reflected wave alone is 0.69, 
so that for all values of Z larger than about 2 meters there is no appreci- 
able change in amplitude when the direct wave suddenly ceases. On the 
other hand, when ZL is small the same sort of fluctuations can occur 
with the warble tone as are present with constant tones. Whether the 
warble tone is properly effective in eliminating transient interference 
thus depends essentially upon how large L is, and the same criterion 
holds here as did for the elimination of space interference. Naturally 
the degree of frequency modulation Af must be large enough for the 
values of Z and fy, used. In other words, we find that exactly the same 
factors control the successful application of the warble tone to the 
elimination of time interference as existed for the elimination of space 
interference. 


VII. CONCLUSIONS 


The extensions of the subjects discussed above to the more com- 
plicated situation of a room, etc. several reflecting walls, does not 
require further analysis. Each surface acts independently of the rest, 
with the result that individual consideration must be given all possible 
reflecting walls, etc. For the application of the warble tone we must 
therefore carefully observe the following precautions: 

1. The path difference Z must be made as large as possible. 

2. Af then depends upon the middle frequency fo and should have at 
least the minimum value given by (20) for the smallest Z present, but 
not much greater if selective absorption is undesired. 
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INVESTIGATION OF GAMMA IN A MIXTURE OF GASES 


By GARNETT F. BARNES 
Judson College, Marion, Alabama 


ABSTRACT 


The velocity of ultra-sonic vibrations was measured in gas mixtures and from this data 
the ratio of the molecular heats of the mixture was calculated. The vibrations were produced 
by a quartz crystal driven by a thermionic oscillator. The method employed was essentially 
that used by G. W. Pierce. 

Mixtures of carbon dioxide and helium, air and helium, oxygen and helium, and nitrous 
oxide and helium were used. The molecular heat at constant pressure was taken from the 
International Critical Tables and the molecular heat at constant volume of the gas mixtures 
calculated. 

It was found that the ratio of the two molecular heats of the gas mixtures as determined by 
experiment agrees well with that obtained by calculation. 


INTRODUCTION 


The measurement of the velocity of sound in gases furnishes one of 
the most convenient and accurate methods of determining the ratio of 
their two molecular heats, Scientists have made extensive use of this 
method for determining the ratio of the molecular heats of pure gases 
but it seems that little attention has been given to it as far as mixtures 
of gases are concerned. It has been suggested that if the velocity of 
sound be measured in a mixture of two gases which do not react chemi- 
cally, and the ratio of the two molecular heats calculated from this data, 
the percentage of the mixture might be calculated. This work was un- 
dertaken with this in view, but as the work progressed other problems 
suggested themselves which received some attention and are discussed 
in this report. 

MetHoD USED 

Since no free air method lends itself to the measurement of the veloc- 
ity of sound in any gas other than air, and due to the uncertainty of the 
various tube corrections when these measurements are made in tubes, 
it seems desirable to find some other means of measuring the velocity 
of sound in gases for this work. Pierce’s modification of Rayleigh’s 
Standing Wave Method appears to the author to be the most desira- 
ble for the particular work undertaken. Since, in this method, very high 
frequencies are used, by choosing the gas chamber of the appropriate 
dimensions, the ratio of the wave length to the smallest dimension of 
the chamber may be made to approach free air conditions. To illus- 
trate, the wave length in air of the sound used in this work was one-half 
millimeter, while the shortest dimension of the chamber was eighteen 
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centimeters. This gives a ratio between the wave length of the sound and 
the shortest dimension of the chamber one to three hundred sixty. To 
get this same ratio by using sound of 256 vibrations per second would 
require a room the shortest dimensions of which would be about 1400 
feet. Kady and Pierce! have shown that a quartz crystal properly cut 
and mounted in an appropriate electric circuit will oscillate with a fre- 
quency which is very constant and which changes very little with tem- 
perature. Pierce! has shown that when standing waves are produced be- 
tween a crystal and a disk, which is so placed that it reflects the waves 
produced by the crystal back upon the crystal face, there is a fluctuation 
produced in the plate circuit that is easily detected. Thus the quartz 
crystal furnishes a source of very constant oscillations the frequency of 
which can be easily and accurately measured. 


THE APPARATUS 

The apparatus used in taking the data presented in this paper is es- 
sentially that used by G. W. Pierce.! It consists of a piezo-electric con- 
trolled thermionic oscillator, connected with a sound chamber in which 
standing waves are produced. The piezo-electric oscillator is a quartz 
crystal cut by the General Electric Company with the electric axis per- 
pendicular to the face of the large side. The crystal was calibrated by 
the Bureau of Standards and found to have a frequency of 658.2 kilo- 
cycles. 





Fic. 1. Showing the electric circuit used in the sonic interferometer. 


The electric circuit is shown in Fig. 1. A Type 201A thermionic tube 
was used. The galvanometer G is of the ordinary electromagnetic type. 
1 Proc. Am. Acad., 60, 1927. 
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The inductance Q is about thirty-five hundredths millihenries and R is 
a twenty-one plate condenser. In the crystal mounting shown in Fig. 2 
the crystal D is mounted between two copper plates, one of which is 
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Fic. 2. Showing front and side view of the crystal mounting. 


fastened to the bakelite base B. The spring F controls the pressure of the 
plate £ on the crystal D. M is a strip of bakelite so mounted that the 
crystal D and the plate E rest on it when the mounting is in position. 
The copper plate £ has a hole through it about one centimeter in diame- 
ter cut so that it is about the center of the crystal when in position. This 
hole allows the sound waves that are generated by the crystal to escape 
into the sound chamber. The spring F has two prongs, one of which 
rests on each side of the hole in plate £, thus producing an even pres- 
sure on the entire face of the crystal. 





Fic. 3. Showing the arrangement of the gas chamber and etc. 


THE SOUND CHAMBER 


The sound chamber was made of sheet iron welded at the edges. One 


end was closed while the other was left open. An end piece just large 
enough to fit the open end was cut out of the same material. The box 
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containing the oscillating circuit was fastened to the outside of the end 
piece and the crystal mounting to the inside. Insulated leads were 
carried through the end piece from the oscillating circuit to the crystal 
mounting. The mounting was so placed that the crystal, when in posi- 
tion, was in the center of the end of the chamber. The chamber itself 
18 cm. wide, 18 cm. high and 35 cm. long, was provided with cocks for 
intake and outlet of the gases, opening for a thermometer, and one for 
the rod which supported the reflector. The pressure of the gas was de- 
termined by means of a mercury manometer connected in the line join- 
ing the pump to the outlet cock U of the sound chamber. A thermome- 
ter which was graduated to read in tenths of a degree centigrade was 
placed within a few centimeters of the crystal. The rod H supporting 
and controlling the motion of the reflector K was made of invar steel 
and was about five-eighths of an inch in diameter. M was a micrometer 
screw graduated in thousandths of a millimeter. The reflector K, made 
of brass, was nine centimeters wide and eleven centimeters long. The 
end of the bar H was supported by a horizontal bar near the reflector K. 
The pump was a Cenco Hyvac. 


SUGGESTIONS 


While a quartz crystal properly cut may be made to oscillate when 
properly mounted in such a circuit as described in this article, yet it is 
not altogether as simple as one, not accustomed to working with such, 
might at first think. Perhaps a short discussion of the precautions neces- 
sary in making a crystal oscillate will not be out of place at this time. 
It is assumed that one has a crystal that is properly cut and ground to 
oscillate on this frequency when properly adjusted. It remains then to 
consider the crystal and its mounting only. In this type of mounting the 
plates C and F, Fig. 2, should be ground together to make their faces fit 
as closely as possible over their entire surfaces. One might start grinding 
with fine emery dust and end with rotten stone or rouge. The plates 
should be polished until they have a tendency to cling together if pressed 
firmly together when dry and clean. The facesof the plates and thecrystal 
should be thoroughly washed to free them of any traces of oil and grease, 
and either dried with a clean towel or immersed in alcohol and allowed 
to dry in a place free of dust. Traces of oil and dirt may cause the crystal 
to be sluggish and even entirely prevent it from oscillating. When 
thoroughly dry, the crystal and plate should be placed in position, care 
being taken not to touch either of the surfaces with the fingers. Next 
the pressure on the crystal should be properly adjusted. While the 
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author does not know of any royal road to this adjustment it has been 
found that a light even pressure on the whole surface of the crystal is 
sufficient. Frequently a slight shock, such as a light tap with a pencil on 
the crystal mounting will cause the crystal to start oscillating. 


KINDS OF GASES 


Since the purpose of this investigation was to study the molecular 
heats of mixtures of gases, it was thought wise to select gases in which 
the molecular heat ratios differ as greatly as possible. It is a well known 
fact that the molecular heat ratios of gases of the same atomicity are 
almost constant and as the atomicity increases the ratio diminishes, the 
value being, for monatomic gases about 1.66, for diatomic 1.4, and for 
triatomic 1.3. It was decided, therefore, that mixtures of such gases 
should be used. Helium was selected as the monatomic gas, oxygen as 
the diatomic, and nitrous oxide and carbon dioxide as the triatomic 
gases. Air was used also, as it behaves as a diatomic gas as far as the 
velocity of sound is concerned. No attempt was made to dry or other 
wise purify the gases except in the case of air, which was always passed 
through a calcium chloride tube. The author does not know the percent 
of purity of the oxygen, carbon dioxide, or nitrous oxide, but the veloc- 
ity of sound obtained in each agrees well with those found in the Inter- 
national Critical Tables. The Helium Company, of Louisville. Kentucky, 
which furnished the helium for this experiment, clained it to be from 
ninety-six to ninety-seven per cent pure, the impurity being nitrogen. 


METHOD OF LOCATING NODAL POINTS 


With this type of circuit, it has been found that when the reflector K 
is moved either toward or away from the crystal, deflections of the me- 
ter in the plate circuit are seen to pass through a series of maxima an 
minima values. As the crystal oscillates, it produces regions of compres- 
sions and rarefactions in the surrounding medium. These disturbances 
proceed outward from the crystal face in a beam, most of the energy of 
which is confined in the angle 26 where 


sin@ = 1.22/D 


in which \ is the wave length and D is the diameter of the source. This 
beam strikes the reflector K which is parallel to the crystal face, and is 
returned to the crystal. When the reflector is a whole number of half 
wave lengths from the crystal, standing waves are produced between the 
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two. The reflected sound waves falling upon the emitting face of the 
crystal react upon it with such force that visible fluctuations are pro- 
duced in the plate milliammeter. To make the fluctuations more pro- 
nounced, the milliammeter in the plate circuit was replaced by an or- 
dinary galvanometer shunted by a dry cell and resistance. It was found 
that this gave much better results than the vacuum thermo-couple 
usually used in such work. The writer found that a Weston Portable 
Student Galvanometer, model 375, gave excellent results. By properly 
adjusting the shunt, the current through the galvanometer could be re- 
duced to zero or even be made to flow in the opposite direction. In either 
case the small change in the plate current caused by the reflector passing 
through a nodal point produced a large deflection in the galvanometer 
reading. Thus the galvanometer in the plate circuit provided an easy 
means of telling when the reflector passed through a position such that 
standing waves were produced. 


METHOD OF PROCEDURE 


In filling the chamber each time preparatory to “making a run,” the 
chamber was flushed several times with the gas to be used before filling, 
in order that all traces of air and other gases might be removed. After 
the chamber was thus filled, about five minutes were allowed to elapse 
before continuing the experiment. This was done to allow the gas to 
come to a constant temperature. The reflector was then moved so far 
away from the crystal that no deflections could be detected in the plate 
galvanometer. The reflector was then moved toward the crystal by 
means of the micrometer screw, and the plate galvanometer watched. 
When the galvanometer began to show deflections as the reflector passed 
through nodal points, the reflector was set on such a point and its posi- 
tion read. The reflector was then moved toward the crystal and the gal- 
vanometer deflections counted until it was as close to the crystal face as 
desired. It was then set on a nodal point and read again. The difference 
between the two extreme positions of the reflector divided by the num- 
ber of galvanometer deflections passed through gives the value of the 
half wave length. This procedure was repeated until at least three and 
often as many as six values of the half wave length of the sound was 
found that did not differ by more than one-tenth of one per cent. Often 
as many as seventy-five or a hundred galvanometer deflections were 
counted between the two extreme positions of the reflector. The tem- 
perature was then recorded and the wave length calculated. 
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PRECAUTIONS 


It was feared that even though the apparatus did not seem to leak 
air, helium, being a much lighter gas might pass through the connec- 
tions. To test this the chamber was filled with helium and the distance 
between nodal points was determined at intervals covering a period of 
five hours. It was concluded from the data taken that the diffusion of 
the helium through the connections during this time was not enough to 
affect the results. 

Since helium is very light when compared with carbon dioxide, it was 
feared that when a mixture of these gases was withdrawn, the mixture 
removed was not a true representation of that in the chamber. While the 
gas mixture was being removed it was kept in motion by a small electric 
fan which was mounted in the chamber. A comparison of the data taken 
when the fan was used with that taken without this precaution showed 
that the use of the fan did not change the results. 


CALCULATIONS 


The theoretical values of gamma were obtained in the following man- 
ner: The values of the molecular heats at constant pressure were taken 
from the International Critical Tables and from these the molecular 
heats at constant volume were calculated. The ratio of the molecular 
heats when thus calculated for pure gases gave the values found in the 
critical tables. This served as a check on the method of calculating gam- 
ma for mixtures of the gases. 

The molecular heats at constant pressure of the gas mixtures were 
calculated from the molecular heats of the pure gases. It was assumed 
that the heat required to change the temperature of the mixture one de- 
gree is equal to that required to change the temperature of, say, 40% of 
a mol of nitrous oxide one degree plus 60% of that required to change 
the temperature of one mol of helium one degree, all being kept at con- 
stant pressure. Therefore, to calculate the molecular heat of the above 
mixture, 40% of the molecular heat at constant pressure of nitrous oxide 
was added to 60% of that of helium. 

Since the company through which the helium was purchased claimed 
it to be from 96 to 97% pure, the impurity being nitrogen, the author 
assumed the lower estimate the more likely one, and its density was cal- 
culated by adding to 96% of the density of pure helium 4% of the den- 
sity of pure nitrogen. The ratio of the molecular heats was then calcu- 
lated by using this density for the helium and the experimental value of 
the velocity of sound. To illustrate the method of calculating the den- 
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sity, suppose a certain mixture was composed of 80% helium and 20% 


oxygen, the density would be 
0.20 X 1.4289 + 0.80 X 0.2198 = 0.4273 gms. per liter. 
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The experimental value of gamma was obtained by measuring the 
velocity of sound in the gas mixtures and substituting this value and the 
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value of the density of the particular mixture as calculated by the meth- 
od stated above in the Laplacian form of Newton’s equation. 





HELIUM AND AIR 


The accompanying curves were plotted by using the calculated values 
of gamma as ordinates and the value of the velocity of sound as ob- 
tained by experiment as abscissae. It will be noticed that the two 
curves representing the experimental and the theoretical values of gam- 
ma are not parallel, due to the fact that the purity of the helium was 
not accurately known. 
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TABLE I 
Air He Vo y exp. , 
100 0 332.7 1.413 E 
90 10 348.9 1.424 ; 
80 20 369.0 1.450 
70 30 393.0 1.480 
60 40 421.6 1.515 
50 50 454.8 1.544 
40 60 494.3 1.566 
30 70 551.2 1.530 
20 80 622.3 1.661 
10 90 723.4 1.685 
5 95 791.8 1.693 
0 100 903.3 1.754 
TABLE II 
CO, He Vo y exp. : 
100 0 293 
90 10 278.7 1.380 .310 
80 20 286.4 1.409 
70 30 315.2 1.422 
60 40 339.1 1.448 
50 50 369.9 1.483 
40 60 407 .2 1.510 
30 70 459.9 1.560 
20 80 534.4 1.610 
10 90 656.7 1.684 
5 95 756.4 1.738 
0 100 903.3 1.754 
TABLE III 
Oz He Vo y exp. 
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TABLE IV 

N:O He Vo y exp. y cal. 
100 0 264.0 1.396 1.291 
90 10 280.4 1.399 1.308 
80 20 298 .4 1.429 1.327 
70 30 320.1 1.467 1.349 
60 40 337.9 1.438 1.372 
50 50 370.7 1.491 1.401 
40 60 408 .5 1.520 1.433 
30 70 459.7 1.559 1.472 
20 80 531.0 1.591 1.518 
10 90 640.4 1.622 1.574 
5 95 746.2 1.691 1.605 

0 100 903.3 1.754 1.543 





Each value of Vo in the above tables is the average of a large number 
of experimental values of the velocity of sound, none of which differed 
very much from the averages given. 

It will be noticed that the velocity of sound in air as given in the ac- 
companying tables is slightly higher than the usually accepted value. 
D. G. Bourgen! has shown from a theoretical consideration that the 
presence of water vapor should cause a slight increase in the velocity 
of sound in air. Since no attempt was made to dry the air used the slight 
increase in the velocity was possibly caused by the presence of water 
vapor. These results agree well with those found by C. D. Reid? under 
similar conditions. 

When nitrous oxide was used nodes and antinodes could be detected 
as far from the crystal face as one centimeter. This distance included 
about twenty-five half waves, and while the reaction in the plate circuit 
was not very great the wave length was measured. Nitrous oxide is 
slightly more dense than carbon dioxide, yet when carbon dioxide was in 
the chamber, nodes and antinodes could not be detected no matter how 
close the reflector was placed to the crystal face. G. W. Pierce* and T. P. 
Abello‘ have had the same experience. W. H. Pielemeier' in studying the 
absorption of high frequency sound waves by carbon dioxide found 
“that humidity modifies the absorption enormously at these frequen- 

1 Phys. Rev. 34, 520, 1929. 

2 Phys. Rev. 1147, 1931. 

3 Proc. Am. Acad., 60, 1925. 


4 Nat. Acad. Sci. Proc. 13 Oct., 1927. 
5 Phys. Rev. 24, 1184, 1929. 
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cies.” Since no attempt was made to dry either the carbon dioxide or the 
nitrous oxide, the presence of water vapor may account for the above 
results; however, the author is of the opinion that this subject deserves 
further investigation, expecially since V. O. Knudsen® has recently 
found that in the case of air the absorption of the high frequency sound 
diminishes with the increase of moisture content. 

Several attempts were made to take a set of readings using a mixture 
of oxygen and carbon dioxide, but the deflections in the plate galvanom- 
eter were so small, after the mixture contained forty per cent carbon 
dioxide, that the results were uncertain. Above ninety per cent carbon 
dioxide the nodes could not be detected at all. The ratio of the two 
molecular heats calculated from these data were not at all consistent and 
are not included in this report. 


CONCLUSIONS 


The velocity of sound obtained by the use of the sonic interferometer 
agrees well with that obtained for sound of ordinary frequencies by other 
methods. The ratio of the two molecular heats of gas mixtures as ob- 
tained by experiment agrees as well with that obtained by calculation 
as one should expect under the conditions obtaining in this work. This 
method, with suitable improvements, should prove to be a quick means 
of determining the ratio of the molecular heats of gas mixtures, and 
might lead to an easy method of calculating the approximate percentage 
of a mixture of two gases that differ in atomicity. 
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THE MATHEMATICAL THEORY OF VIBRATING 
MEMBRANES AND PLATES 
By R. C. COLWELL AND J. K. STEWART 
West Virginia University 


By a very slight extension of Wheatstone’s equation! regarding a 
vibrating membrane with free edges, it is possible to demonstrate that 
many of the nodal lines of a Chladni plate are given approximately by 


the formula. 
MX NunW nw x miry 


y 
A cos cos + Bcos - COS = 0.? (1) 
a a a a 








Although we have plotted all the values of this equation between 
m=1, n=1 and m=12, n=12, only a few typical curves are given in 
this paper. It is our purpose to show the relations between these different 
curves and to demonstrate that the very beautiful and complicated 


_ sand figures formed upon a square plate are either made up of many 


very much simpler figures or follow a regular gradation in complexity 
as m and n are increased. Throughout this paper A is taken equal to 
B. 
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Fic. 1. 


In all the diagrams of Figure (1), m—n=0, so that the nodal lines 
are straight lines regularly spaced and parallel to the sides of the 
square. The sum of m and n will give the number of nodal lines. 

In Figure (2), m—mn=1. Under this condition there is a single straight 
line diagonal from the upper left hand corner to the lower right hand 
corner of the square, with certain wavy lines parallel to this diagonal. 
The total number of lines on the plate is always m+n if the diagonal 
is included. Thus for m=11, »=12, there will be eleven wavy lines on 


1 Rayleigh—Sound, Vol. 1, Art. 227. 
2 Phil. Mag., Vol. 12, no. 76, p. 320. 








592 JOURNAL OF THE ACOUSTICAL SOCIETY  [Apriz, 
each side of the diagonal or twenty-three lines in all. It will also be no- 


ticed that if one number is odd, the other must be even. Hence, any two 
consecutive values for m and n, will always give a pattern similar to 


“a3 


34 EY 


al 
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In Figure 3, both m and » are odd numbers and m—n=2. In this 
case, there are two straight lines through the center parallel to the edges. 
The diagonal from the lower left hand corner to the upper right cuts 
across m+n lines provided both lines at the center are counted. 





: 


Fic. 3. 


A 


The nodes of Figure 4, are plotted for even values of m and n. Under 
these conditions, any plate may be divided into four equal parts each 
of which represents the vibration of m/2 and n/2. Thus the plate 2, 4 is 
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derived from the vibration 1, 2; 4, 6 from 2, 3 and 6, 8 from 3, 4 in 
Figure 2 with which they should be compared. 





The nodes of Figure 5 show what happens when m is held constant 
and m is increased by regular increments. Since m and m are both odd, 
the characteristic straight line nodes divide the plates into four equal 
parts. As is increased by its increment to (7+2), (+4), etc., a new 
nodal line appears in each of the four squares, but the general appear- 
ance of any figure is remarkably like the preceding one. 


tae 
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If m is held odd and constant and m increased regularly as before, 
but kept even, another succession of somewhat similar figutes is ob- 
tained as shown in Figure 6. 
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i Fic. 6. 


The nodal lines of Figure 7, show how the plate divides when m and 
n are multiples of lower numbers. Thus plate 4, 8 is made up of sixteen 
regular squares all vibrating in the mode 1, 2; 3, 9 is made up of nine 
squares vibrating in the mode 1, 3; 2, 10 is formed from the plate 1, 5 
and so on. 







E19 3,9 


Fic. 7. 


Figure 8 is another illustration of m even, m odd when m is held equal 
to 2 and m is increased by equal increments. The figures become more 
complicated for higher values of ”; but the resemblance to the lower 
modes is very striking. 

In addition to obtaining these curves theoretically, we have also been 
able to produce many of them with a valve oscillator which has been 
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Fic. 8. 


described in the paper referred to above. It is possible to get many of 
these curves with a violin bow, provided the plate is supported at the 
proper nodal points. 

The mathematical equations for all the curves shown in this paper 
are found by substituting the two numbers given under each figure into 
equation (1). The equations are then reduced by means of trigonometric 
identities and the resulting algebraic equations are solved by Horner’s 
method. The reduced equations for some of the Chladni curves are 
given below, where u and v represent cos rx/a and cos ry/a respectively. 
The numerals to the right of each equation correspond with the num- 
bers in the different figures. 


(u + v){2uv—1} =0 (1, 2) 
(uv) { u*(6402 — 48) + u2(6404 — 160? + 80) — 480 + 800? — 30} = 0 (3, 5) 
(u + v) { u4(12804 — 128? + 16) — v? — 240 

— u*(128v4 — 1360? + 20) + (2403 — 20) + 1604 — 20? + 5} = 0 (4, 5) 
(u? + v?) { u*(128v4 — 1280? + 16) — u?(12804 — 1200? + 12) 

+ 1604 — 1202+ 1} =0 (4, 6) 
2(uv) {32u® — 56u4 + 28u? + 320° — 56v4 + 280? — 7} = 0 (1, 7) 
(u + v) { 07(1280) — u®(12807) + 45(12803 — 156v) — u4(12804 — 2560?) 

+ u3(12805 — 2560? + 160v) — u?2(128¢* — 25604 + 1600?) 

+ u(12807 — 25605 + 16007 — 32x) + 1} = 0. (1, 8) 

The curves above m=8, n=8 were calculated by a simple method 


which will be discussed in another paper. It depends upon the symmetri- 
cal distribution of the points in those Chladni figures for which A = B. 







































BOOK REVIEW 


Acoustics of Buildings and the Prevention of Vibration and Noise. By SAMUEL 
LirsHitz, Professor of Experimental Physics, University of Moscow. State Sc.-Technical 
Press, Moscow 1931. 

This book is a monograph dealing with the question of the general theory of acoustics of 
buildings and the prevention of noise and vibration. 

As the author points out in the introduction, he has not included the discussion of the 
acoustical conditions of auditoriums, theatres and concert halls, which have been treated of 
elsewhere. 

The book consists of two parts. In the first, which is theoretical, the author deals as fully 
as possible with the general theoretical principles of building acoustics. 

Chapters I, II, III on reverberation deal with the detailed exposition of the works of 
Wallace Sabine, Jager and Buckingham, and the different methods of, as well as experimental 
research into, determining the absorption coefficients by means of the reverberation method. 
(See the works of W. Sabine, Watson, Paul Sabine and Knudsen). 

Chapter IV contains a detailed account of the theory and results of determining the ab- 
sorption coefficients by means of stationary waves (the methods of Taylor, Paris, Heimburger, 
Davis and Evans). 

In chapter V (pp. 106-157) the author discusses the theory of sound transmission through 
walls. Here are treated and analyzed the theories and experimental results of the works of 
Rayleigh, W. Sabine, Watson, Weisbach, Berger, Knudsen, Eckhardt, Chrisler as well as 
Snyder, Alec Eason, Ternoff, Briantzeff and others. 

Part II includes the practical methods to be recommended to architects and constructors 
when dealing with problems of insulating buildings from noise and vibration. This part is 
comparatively simple and (unlike Part I) is comprehensible without knowledge of the higher 
mathematics. 

In the opinion of the author this book should be useful to architects and constructors— 
practitioners as well as investigators in building acoustics. 

The book is prefaced with a table of the terms used by the author. They approach very 
closely the terminology adopted by the Committee of the Acoustical Society of America. 


1 “Vorlesungen uber Bauakustic.” Verl. Konrad Wittwar. Stuttgart. 1930 “Lectures on 
Architectural Acoustics” (russian) High Technical School Press, Moscow 1927 second edition. 
The third (revised) edition is prepared for the Press. 
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The Development of the Microphone 


By H. A. Freperick, Bell Telephone Laboratories, Inc. 


HE invention of the telephone by Alexander Graham Bell 

accomplished a result which has revolutionized our means 
of communication. Like most similarly broad and funda- 
mental inventions, it was based on a clear and thorough under- 
standing of scientific work which had preceded it. Viewed 
after the lapse of 55 years it is clear that the development of 
human knowledge was very definitely leading up to this great 
invention for a period extending over several decades. It is of 
interest to note a few of the more outstanding steps. In 1837 
in Salem, Mass., Dr. Page observed that sounds were emitted 
by a magnet if its magnetism was suddenly changed. He 
studied the effect and developed several different means of pro- 
ducing these sounds; for example, rapidly rotating a horseshoe 
magnet in a strong magnetic field. In this way he obtained 
musical tones and termed the effect “galvanic music.” The 
results were published* and broadly known among scientific 
workers. In 1845, Sullivan observed that currents of elec- 
tricity were generated by the vibration of a wire composed 
partly of one metal and partly of another.” Bourseuil* in 1854 
described as a “ telephone ” a device “ using a make and break ” 
transmitter. In his written description he apparently con- 
sidered the smooth or continuous modulation or variation of 
current unnecessary for the transmission of sounds. Satisfied 
with the written description he seems to have made no great 
effort to reduce his ideas to practical operation. 

1Silliman’s Journal, 1837, page 396. 
? Phil. Mag., 1845, page 261. 


®The Didaskalia, Frankfort/M, Sept. 28, 1854; Du Moncel, Applications de 
YElectricité, 1854; U. S. Supreme Court Reports, Vol. 126 (1887). 
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DEVELOPMENT OF THE MICROPHONE 


Philip Reis,‘ a teacher of Physics in Garnier’s Institute at 
Friedrichsdorf, Germany, in 1861 constructed models based on 
much the same fundamental ideas as those disclosed by Page 
and Bourseuil and produced what he called a “telephone.” 
The receiver was operated on the magneto-striction principle 


and consisted of a knitting needle surrounded by a coil of wire. break 
whic 


It was mounted on a sounding board. The transmitter was a 
platinum make-and-break contact operated by a membrane 
(Fig. 1). This transmitter was apparently quite sharply reso- 
nant and was operative only for rather continuous tones. 
Tones of different frequencies were transmitted, however, and 
it is reported that several tones were transmitted simultane- 
ously. Reis never succeeded in transmitting articulate speech. 
With one of his transmitter models which was open on both 
' sides of the diaphragm he used a baffle about 20 inches in 
diameter “ to prevent interference between the front and back.” 

In 1863 Helmholtz published his classic work on acoustics.’ 
This greatly extended the basic understanding on which subse- 
quent developments proceeded. 

In 1870 Varley discovered that sound may be emitted by a 
.condenser.° 

In 1874 Alexander Graham Bell, Professor of Vocal Physi- 
ology at Boston University, was busily engaged in the study of 
speech, hearing and telegraphy. He was interested in obtain- 
ing graphic records of sounds, and in discussing the problem — 
with a friend, Dr. Clarence Blake, the suggestion was offered 
that a model consisting of an actual human ear might suffice. 
| Dr. Blake prepared such a model which operated successfully 
and seems to have been of great aid to Dr. Bell. Telling of 
| these experiments three years later he stated * “ The stapes was 

removed and a stylus of hay about an inch in length was at- 





* Prescott, The Electric Telephone p. 9 (Appleton & Co., 1879-’84~’90). 

5 Die Lehre von dem Tonempfindungen, Ist G. ed., 1863. Translation by Ellis, 1st 
English trans., 1875. 

¢ Piérard, La Téléphonie, p. 20 (Desoer, Liége, 1894). 

T Journal Society Telegraph Engineers, Oct. 1, 1877, p. 403. 
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Z Fic. 1. Reis microphone. A make-and- Fic. 2. Bell’s conception of the telephone resulted in 


wire. break platinum contact microphone with this sketch which was used in his first patent application 
which musical sounds but not speech were of 1876. 
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Fic. 3. Reed transmitter of June 2, 1875. With the device on the right Bell heard the sound of Watson 
subse- plucking the reed of the device on the left with his finger. 





Fic. 4. ‘‘ Gallows frame” transmitter. This Fic. 5. Liquid transmitter. With this transmitter 
is the instrument by which Bell transmitted in March, 1877, Bell said “ Mr. Watson come 
the sound of his voice to Watson, June 3, 1875. here, I want you.” 
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Fic. 7. This carbon to carbon single contact 
Berliner transmitter was brought out in 1879, 
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Fic. 12. Music from the Fic. 13. Reception of music from the Paris opera 
Paris opera was picked up by binaural system in 1881. 

by a series of Ader multi- 

ple carbon pencil micro- 

phones mounted in front 

of the foot lights. 


Sa 





















4 contact 
in 1879, 





a | 
She 
on pencils 
3. 
ia: 
} 
re + & 
’ 
q 





Paris opera 





DEVELOPMENT OF THE MICROPHONE 


- tached to the end of the incus. Upon moistening the mem- 


brana tympani and the ossicule with a mixture of glycerine and 
water, the necessary mobility of the parts was obtained, and 
upon singing into the experimental artificial ear, the stylus of 
hay was thrown into vibration and tracings were obtained upon 
a surface of smoked glass passed rapidly underneath. While 
engaged in these experiments, I was struck with the remark- 
able disproportion in weight between the membrane and the 
bones that were vibrated by it. It occurred to me that if a 
membrane as thin as tissue paper could control the vibration 
of bones that were, compared to it, of immense size and weight, 
why should not a larger and thicker membrane be built to vi- 
brate a piece of iron in front of an electromagnet.” It seems 
certain that Professor Bell was possessed of a very clear under- 
standing of his problem. There are numerous evidences of his 
broad and complete familiarity with the work of other scientific 
investigators and it appears that having developed new ideas 
on the characteristics of speech and what is needed to transmit 
and reproduce it electrically, he then proceeded with energy 
and enthusiasm to overcome the difficulties of reducing these 
ideas to practical operation. The conception of a “ membrane 
speaking telephone ” appears to have become complete in Bell’s 
mind in substantially the form shown as figure 7 of his later 
patent,° in the summer of 1874 (Fig. 2). 

On June 2, 1875, Bell heard a tuned reed receiver, with which 
he was experimenting in connection with his harmonic telegraph 


system, vibrate in response to the plucking of a somewhat simi- 


lar tuned reed transmitter at the other end of the line (Fig. 3). 
The simple observation appears hardly more significant than 
similar observations of men who preceded Bell a number of 


' years. Yet the phenomenon in his mind took on the greatest 
_ meaning. He immediately gave his assistant Watson instruc- 


tions for the design of a structure which mounted a small drum- 
head of gold beater’s skin over one of the vibrating reeds, joined 
® Rhodes, Beginnings of Telephony (Harper & Bros., 1929). 
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the center of the drumhead to the free end of the receiver spring 
or reed and arranged a mouthpiece over the drumhead to talk 
into. This model (Fig. 4) was prepared in record time by the 
enthusiastic Watson and was tested on the succeeding day, 
June 3. Watson reports distinctly hearing the tones of Bell’s 
voice. He, however, reports with some sadness that his own 
voice was not as strong as Professor Bell’s and therefore he 
could not make it heard. The principle, however, had been 
proven beyond doubt in Bell’s mind and advance was sure. 
The difficulty was to devise more efficient or sensitive means. 

Measurements have been made of the response of these early 
instruments. They show quite definitely that the first sounds 
transmitted must have been barely audible. Had the inventor 
not understood very clearly for what he was searching and what 
he expected to hear, these extremely faint sounds could hardly 
have attracted his attention. 

Until recently the great demand has been for greater and 
greater transmitter output. Improvements in receiver effi- 
ciency raise the noise level with the level of speech whereas in- 
creased transmitter output means overriding the noise. As 
long as the transmitter merely converts the power of the voice 
itself, from acoustic to electrical form its output is, of course, 
necessarily very limited. The natural course has been to uti- 
lize in the design of a transmitter some principle or device in 
which the vibrations of the voice serve merely to control or 
modulate power supplied by some independent source, such as 
a battery; that is, the sound waves must be made to modulate a 
resistance through which a current is flowing in such a manner 
that the resultant current changes are a sufficiently accurate 
counterpart of the pressure changes in the air. Such a device 
should not and need not impose restrictions on the motion of 
the diaphragm used to pick up the motion from the air. It 
was to such a device that Bell turned in his next experiments. 
To a drum head of gold beater’s skin in a horizontal position he 
attached a small platinum wire (Fig. 5). This barely made 
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DEVELOPMENT OF THE MICROPHONE 


contact with the surface of a small quantity of acidulated water 
in a conducting cup. Vibration of the diaphragm varied the 
depth and area of contact between the wire and the surface of 
the water and therefore the resistance between them. Such a 
model was constructed and successfully tested March 10, 1876. 
This was the first transmitter to transmit successfully a com- 
plete sentence “ Mr. Watson, come here—I want you.” 

Bell’s patent application was filed February 14, 1876, and 
granted March 7, 1876. Later in the same day (February 
14th) Elisha Gray filed a caveat, or statement of intention to 
later file patent application, claiming the art of transmitting 
speech electrically. The claims of Bell to inventorship of the 
telephone were widely contested in the courts, during the 
twenty years following, Reis, Dolbear, Blake, Gray, Draw- 
baugh and others having been claimed to be the inventors. 
The ensuing litigation was most extensive and continued until 
1896. During this time Bell’s claims were exhaustively in- 
vestigated and were finally validated by the United States 
Supreme Court.’ 

Following his first successful transmission of a complete sen- 
tence in 1876, Bell promptly described his invention in numer- 
ous public lectures and demonstrations in both the United 
States and England; on May 10, 1876, before the American 
Academy of Arts and Sciences in Boston,” at the Centennial 
Exposition in Philadelphia,” June, 1876, before the Society of 
Telegraph Engineers in London,’ October, 1877, etc. As a re- 
sult, numerous inventors appreciating the fundamental impor- 
tance of the new discovery promptly attacked the problem. 
During the five succeeding years almost every conceivable 
means of converting sound into electricity was tried. In fact, 
the situation was well described by Preece in 1882: “ There 


®U. S. Supreme Court Reports, Vol. 126, Oct. term, 1887. 

10 Proc. Am. Acad. of Arts and Sciences, Vol. 12 (new series, No. 4), May, 1876- 
May, 1877, pp. 1-10. 

11 Casson, “ History of the Telephone,” p. 35 (McClurg & Co., 1913). 

T Loc. cit. 

12 Prescott, loc. cit., p. 361 (1890). 
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is nothing more marvellous than the wonderful versatility of 
this power which electricity possesses of making everything 
produce speech. Now that we know what electricity can do, 
the difficulty appears to be not so much how to make the appa- 
ratus talk, but how to prevent it from speaking.” 

In 1877, Emile Berliner in Washington observed that the re- 
sistance of a loose contact varied with pressure, and constructed 
successful working models utilizing this principle.” The Ber- 
liner device was much like one used by Du Moncel in 1856.“ 
The difference apparently was almost wholly one of under- 
standing and resultant application and development. His first 
models used metallic contacts (Fig. 6) but these were later re- 
placed by carbon (Fig. 7). Berliner’s models were much more 
efficient than previous designs but their performance was ex- 
tremely erratic, they could not be used in various positions, 
would carry but little direct current and would not maintain 
their adjustment. They were, nevertheless, developed to such 
a point that they were in considerable practical use. 

In 1877, Edison” patented a transmitter of a variable re- 
sistance amplifying type in which the resistance element was a 
“button” of solid carbon or plumbago. This device (Fig. 8) 
gave quite good quality and was somewhat less erratic than 
previous designs. It was however relatively insensitive. He 
experimented with a wide variety of materials including “ hy- 
peroxide of lead, iodide of copper, black oxide of manganese, 
graphite, gas carbon, platinum black, finely divided metals in- 
cluding osmium, ruthenium, silicon, boron, iridium and plati- 
num, in fact all the conducting oxides, sulphides, iodides, fibre 
coated with metals by chemical means and pressed into buttons, 
liquids in porous buttons of finely divided non-conducting ma- 
terial,” but better than any of these he found was a button of 
lamp-black compressed into a solid disc by the application of 


18 Caveat filed in U. S. Patent Office, Apr. 14, 1877. 

14 Exposé des Applications de !’Electricité (1857). 

15 British Patent No. 2909, July 30, 1877; U. S. Patent No. 474,230, May 3, 1892 
(Application filed Apr. 27, 1877). 
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several thousand pounds’ pressure."* Due to the need of 
greater output and in order to transmit currents over greater 
distances, he devised and patented a combination of a telephone 
receiver and such a button, thus providing an amplifier or re- 
peater. In some of Edison’s transmitter models he interposed 
soft rubber between the diaphragm and the button in order, as 
he explained, “‘ to damp the natural motion of the diaphragm. 
Interference with articulation which the prolonged vibration of 
the metal tends to produce in consequence of its elasticity is 
thus prevented and the sound comes out clear and distinct.” 
This use of rubber undoubtedly added some damping. It prob- 
ably also served to couple the diaphragm and its relatively low 
mechanical impedance and large amplitude to the high im- 
pedance, low amplitude or high pressure carbon button and 
very likely increased the efficiency and decreased the non- 
linear distortion by keeping the vibrations at the carbon within 
the narrow amplitude range within which its resistance change 
is substantially proportional to the displacement of the elec- 
trode. In other words, it served to couple an “amplitude” 
system to a “pressure” system. Edison later concluded that 
the carbon responded to changes in “pressure” only and not 
to “ amplitude.” 

The Edison microphone was rugged, would operate in any 
position and gave rather better quality than its predecessors. 
It was however quite insensitive. The resistance was about 4 
ohms, and it was operated from a low voltage source of ap- 
proximately 114 volts. 

In May, 1878, Hughes in London published “ an account of 
experiments with loose contacts between different materials. 
He described how a microphone may be made of three nails 
(Fig. 9), one resting on the other two, the loose contacts being 
highly sensitive to any vibrations either of their support or of 
the air. Following these ideas, models of sharpened pencils of 


16 Prescott, loc. cit., p. 124. 
17 Proc. Royal Soc., XX VII, 366; Phil. Mag., Sth series, Vol. VI, p. 44. 
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carbon mounted on a vibrating support were developed (Fig. 
10). These inertia transmitters were extremely sensitive and 
were termed “microphones.” The forces at the contacts were 
due to the mass reactance of the loose element. 

The term “ microphone ” was revived by Hughes at this time. 
The term was apparently coined and first used by Wheatstone 
in 1827” for a purely acoustic device which he developed to 
amplify weak sounds. The term was for years used only to 
refer to sensitive loose contacts of the type used by Hughes and 
was not applied to telephone transmitters generally. More re- 
cently, the term “ microphone” has been used, particularly in 
radio broadcast, public address and sound picture work, for any 
device which converts from sound to corresponding electric cur- 
rents. In view of this usage the term microphone will be used 
here as synonymous with transmitter, particularly for applica- 
tions other than those in the usual telephone system. 

The Hughes microphone consisting of a carbon pencil sharp- 
ened at both ends and resting loosely in carbon supports re- 
ceived considerable development and commercial use in Europe, 
particularly in France where Ader and several contemporaries 
developed the multiple carbon pencil microphone (Fig. 11). 
This usually consisted of 6 to 12 such pencils connected electri- 
cally in series multiple. They were usually mounted on a rec- 
tangular sounding board of thin well-seasoned pine or spruce. 
These devices were quite successful and were to be found in 
commercial telephone systems until quite recently. The 
Hughes and later the Ader microphones were very sensitive but 
also quite erratic in their behavior. They were very sensitive 
to mechanical vibrations. 

The Ader microphone was used at an early date for picking 
up musical programs. Considering recent developments in 
work of this type, it is of interest to quote an account published 
by Prescott in 1884: 

“One of the most popular attractions at the Paris Electrical 


18 Wheatstone, “ Scientific Papers,” p. 32. 
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Exhibition of 1881 was the demonstration of the marvellous 
powers of the Bell telephone, by its transmission of the singing 
on the stage and the music in the orchestra of the Grand Opera. 
This demonstration was given nightly, . . . eighty telephones 
were constantly at work at the same time, the communication 
being shifted at short intervals to another set of eighty similar 
instruments in two other rooms.” 

“The transmitters were microphones of the Ader system, 
placed in front of the opera stage, close to the footlights and 
behind them.” (Fig. 12.) 

“A new acoustic effect was discovered by Mr. Ader, and ap- 
plied for the first time in the telephonic transmission at the 
Electrical Exhibition. In listening with both ears at the two 
telephones, the sound took on a special character of relief and 
localization which a single receiver could not produce. It isa 
common experience that, in listening at a telephone, it is practi- 
cally impossible to have even a vague idea of the distance at 
which the person at the other end of the line appears to be. In 
this case there was nothing of the kind. As soon as the experi- 
ment commenced the singers placed themselves, in the mind of 
the listener, at a fixed distance, some to the right and others to 
the left. It was easy to follow their movements, and to indi- 
cate exactly, each time that they changed their position, the 
imaginary distance at which they appeared to be.” 

Each person was provided with two telephone receivers (Fig. 
13) which received their impressions from two distinct micro- 
phones placed a certain distance apart. Prescott explained the 
effect purely on a relative loudness basis not as being in any 
way related to phase differences. 

In 1878, Francis Blake ® in this country designed a telephone 
transmitter in which a block of hard carbon was supported on a 
rather stiff spring (Fig. 14). Between this and the vibrating 
diaphragm was interposed a small bead of platinum on a light 


19. S. Patents Nos. 250,126 to 250,129, Nov. 29, 1881; British Patent No. 229, 
Jan. 20, 1879. 
Rhodes, loc. cit., p. 79. 
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spring. This instrument as developed for commercial use 
was more sensitive than the Edison and more rugged, reliable 
and permanent than the Berliner or Hughes. It rapidly re- 
placed the Edison and Berliner types and was extensively used 
for many years by the Bell System. Its resistance was about 
five ohms, and the safe current was about %4 ampere at 1% 
volts. 

On September 16, 1878, an English clergyman, Hunnings,” 
received a British patent on a telephone transmitter using a 
button partially filled with “pulverized engine coke,” a light 
porous form of carbon. American rights to this invention 
were later purchased by the American Bell Telephone Com- 
pany and the device was developed into a form suitable for 
commercial use (Fig. 15—Fig. 16). Like the Blake it was more 
sensitive than the Edison transmitter and more stable than the 
Hughes microphone. It could however carry larger currents 
than the Blake. One of its outstanding difficulties was that the 
carbon tended to pack into an insensitive condition. It was the 
type destined to be developed into the most broadly used com- 
mercial form. 

On July 8, 1879, Gilliland* made application for a patent 
on a combination of a Bell receiver and Blake Transmitter with 
a common diaphragm. This again shows the early recognition 
of the need of an amplifier. 

The mechanical features of the original Blake type single 
contact telephone transmitter were retained and the single con- 
tacts replaced by a carbon containing chamber much like that 
of present day deskstand transmitters. These granular carbon 
designs first went into use in 1885 and were somewhat modified 
in 1888. Several hundred thousand of them were used in the 
Bell System during the years following. Like the Hughes and 
the Blake single contact, these were inertia transmitters. 

In 1886, Edison applied for a patent on a transmitter filled 


20 British Patent No. 3647, Sept. 16, 1878; U. S. Patent No. 246,512, Aug. 30, 1881. 


21U.S. Patent No. 247,631, Sept. 27, 1881; Jl. Inst. Elec. Engs., XLI, p. 535. 
[10] 
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with granules of carbonized hard coal.” Although great prog- 
ress has been made in refining and controlling the methods of 
preparation, selected anthracite coal is still used as the raw 
material from which most microphone carbon is made. 

In 1890 Anthony White invented the so-called solid back 
transmitter (Fig. 18). In this design a solid bridge or button 
support much like that of the Edison design replaced the spring 
support of the Blake granular carbon type and the button was 
attached to the diaphragm. Other mechanical improvements 
added to the ruggedness and reliability of this design. It was 
so satisfactory commercially that the general principle is still 
used extensively. There are at present about twenty million 
telephone transmitters of this general type of construction in 
service. 

Continental European telephone practice, particularly in 
Germany and France, has followed the use of the “insert” or 
“capsule” transmitter. This usually uses a thin carbon dia- 
phragm and a few granules or pellets of carbon supported in a 
carbon or insulated metal chamber on the back of the dia- 
phragm and provided with a rear carbon electrode. In some of 
these the carbon chamber has consisted of a felt annulus glued 
to the diaphragm. The rear carbon electrode was pressed or 
cemented on the back of the felt. 

Having traced the important early steps in the development 
of the telephone transmitter it is seen that other types gave 
place to the variable resistance carbon amplifying type. Par- 
ticularly in view of the fact that this is still the type most 
broadly used, it is of interest to note briefly the range of phys- 
ical principles which broad general interest in the problem has 
utilized in the search for the best. 

Microphones may operate on the principle of temperature 
change due to the sound waves. ‘These are of two types. In 
one the motion of the air serves to fan and cool a fine wire 


221U. S. Patent No. 406,567, July 19, 1889. 
23 U.S. Patent No. 485,311, Nov. 1, 1892. 
Rhodes, loc. cit., p. 82. 
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carrying and heated by a direct current. Such a wire is usu- 
ally mounted in the mouth of a resonator. Such a structure 
was used by Forbes“ in 1887. A microphone of this type was 
used by Tucker during the war in the detection of large guns.” 
A similar device has substituted a series of fine themocouples 
for the fine resistance wire. In the second type a fine wire or 
thermocouple structure is placed close to a sound reflecting 
surface. In this case there is negligible motion of the air and 
the structure is alternately heated and cooled by the tempera- 
ture changes associated with the sound. 

The resistance of an electric arc has been caused to vary by 
the sound. Such a device was experimented with by Dolbear, 
Blyth, Simon, Hayes and many others. 

The resistance of the glow discharge in open air has been 
caused to vary. A description and demonstration of such a 
device was given by Thomas before the A. I. E. E. in 1923.” 

Liquid devices of many types have been devised since the 
first model by Bell. Elisha Gray devised one of the first liquid 
transmitters. Edison placed a small drop of liquid between 
contacts, the contact surface, cross-section and length of the 
liquid path being varied. Liquid jets have been used in vari- 
ous ways. The jet has been deflected on and off a conducting 
electrode. The electrode has been vibrated in and out of the 
jet, etc. 

Pressure has been used to modify a flame, the conduction 
through the flame, the heat transmitted by the flame, etc., 
being used to control electrical effects. 

Sound has been caused to deflect a beam of light on and off 
a photo-electric cell by means of a diaphragm and vibrating re- 
flector.” The diffraction of light across a beam of sound has 
also been used to cause varying amounts of light to fall on a 


photo-electric cell. 


24 Proc. Royal Soc. Lond., Vol. 42, p. 141, Feb. 24, 1887; El. Wid., Vol. 9, p. 189, 
Apr. 16, 1887. 

25 U.S. Engr. School, Occasiorial Papers No. 63, Washington Govt. 1920. 

26 P. Thomas, Proc. A. I. E. E., Vol. 42, pp. 219-222. 

27 Photophone, Bell & Tainter, Prescott, loc. cit. 
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A magnet has been made to vibrate outside a vacuum tube 
and thus vary the flow of electrons. By a mechanical connec- 
tion through the wall of a vacuum tube a grid has been made 
to vibrate, thus making the conversion from acoustic to electri- 
cal effects. 

A bismuth resistance element has been vibrated in and out of 
a strong magnetic field. As the resistance of bismuth varies 
with the strength of the field, this provides a possible micro- 
phone. 

Condenser type microphones were devised by DuMoncel, 
Dolbear (Fig. 19),** Varley and many others since. A recent 
novel manner of using a condenser microphone has involved 
the modulation of a high frequency oscillating current instead 
of the usual direct current in such a manner as to give a rather 
efficient device.” 

Piezo electric crystals have been vibrated to generate corre- 
sponding electric currents.” 

Of the magnetic microphones, devices have been made in 
which the sound mechanically strained a magnetic core of nickel 
and thus varied its permeability and generated accurrent. The 
best known magnetic type microphones are those in which the 
sound changes an air-gap, in a magnetic circuit, thus changing 
the number of magnetic interlinkages. The magnetic type in 
which a coil or conductor has been vibrated in a magnetic field 
is also well known and dates back within a year of Bell’s first 
publication.” 

The dimensions of solid conductors, both cross-section and 
length, have been varied by the sound to cause changes in re- 
sistance. The most effective device found has been of this 
type in which the dimensions of contact points of specially 
prepared carbon are changed. In fact, it would seem that 


28 A. E. Dolbear, A New System of Telephony, Sci. Amer., June 18, 1881, p. 388. 

39 A. H. Reeves, A Solution of the Problem of the Broadcasting Microphone, 
Electrical Communication, Vol. VII, p. 258. 

80 A. M. Nicolson, Proc. A. I. E. E., Nov., 1919, pp. 1315-1333. 

81 Siemens and Halske, German Pat. No. 2355, Dec. 14, 1877; British Pat. No. 4685, 
Feb. 1, 1878. 
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every known characteristic of matter by which temperature 
change, pressure change or motion may generate an electro- 
motive force, has been used in the design of microphones. 

Until recent years, and then only for special uses where 
amplifiers are available, other than carbon microphones have 
been of little more than academic interest. In view of this, it 
is worth while to consider some of the characteristics of the 
carbon instrument in greater detail. 

Carbon microphones have presented a number of difficulties 
which for a time limited their usefulness. These have been 
investigated chiefly in connection with studies of the telephone 
transmitter. Most of these difficulties have been largely over- 
come in recent years. One of the earliest recognized is known 
as “packing.” ‘The instrument gradually becomes less and less 
sensitive. Its sensitivity may be revived by shaking or rap- 
ping. Packing is of two types, electrical and mechanical. 
Electrical packing or cohering occurs if the carbon element is 
subjected to a voltage such that more than approximately 14 
volts per contact is applied. After an application of such volt- 
age, the transmitter sensitivity is apt to be reduced to the order 
of 1 per cent of normal sensitivity and very vigorous shaking 
may be required to revive the instrument. This effect is largely 
independent of the amount of power dissipated or the time for 
which the voltage is applied. For example, a carbon button 
or cell may ordinarily be packed almost as effectively by apply- 
ing a voltage of 20 to 100 volts to 0.001 mf. and discharging it 
through the button as by a similar discharge from a very large 
condenser or by the application of the same voltage from a bat- 
tery. In fact, if the amounts of power dissipated are large, 
subsequent heating effects may occur such as to free the carbon 
and decrease the effect. 

Mechanical packing is due to a settling and compressing of 
the carbon mechanically. In this condition its resistance and 
sensitivity are low. It is often closely associated with “ breath- 
ing.” Many carbon microphones in certain circuits will, if left 
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undisturbed, either increase or decrease, depending on design 
or circuit conditions, or may pass through cycles of resistance 
and sensitivity requiring anywhere from a few seconds to many 
minutes per cycle. These effects have been investigated and 
are known to be associated with mechanical expansions and 
contractions of the containing chamber plus those of the carbon 
itself. They are closely related to the type of circuit, the ac- 
tion often being quite different if supplied with constant voltage 
than if supplied with approximately constant current. The 
containing chambers may be so designed as to eliminate these 
effects almost completely, in which case the button will usually 
not pack. We might illustrate packing by an example: if, on 
passing a current through a carbon microphone in series with a 
considerably larger resistance, the resultant heat causes the 
carbon containing chamber to expand and the electrodes to 
move farther apart, the resistance will, at first, rise, due to this 
greater separation of the electrodes. This will increase the 
heat generated and cause further separation and resistance rise. 
This may continue, the sensitivity becoming very great, until 
the separation is such that the granular mass becomes me- 
chanically unstable. The granular mass may then suddenly 
settle, particularly if jarred or spoken into at this moment. 
This lowers the resistance and hence the power dissipated in 
the button so that it then begins to cool, allowing the parts to 
draw together and compress the carbon into a highly insensi- 
tive state. In general, carbon microphones are more stable 
when supplied with direct current through a resistance as large 
or larger than the resistance of the button itself. 

The resistance of a granular carbon button decreases with 
increased current. In certain systems this may be advantage- 
ous for transmission as, for instance, in a common battery tele- 
phone system where high transmitter resistance occurs on the 
long subscribers’ loops where the series resistance is large. 
This increases the power dissipated in the button over what it 
would otherwise be, increasing the output. As the loop is 
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shortened, the lowering in resistance tends to protect the button 
from excessive power and voltage and excessive heating. 

Granular carbon microphones always deliver a certain 
amount of noise. In modern telephone transmitter designs, 
however, this noise may be negligibly small. It resembles in 
character the swishing of leaves. It has been termed “ micro- 
phonic noise.” It might perhaps well be called the inherent or 
minimum loose contact noise. In amount it is from 15 to 20 
db below the output of a carbon broadcast microphone when 
speaking at normal loudness at a distance of three feet. This 
noise is undoubtedly due to heating effects at the points of con- 
tact between granules. It is not due to mechanical or tem- 
perature effects of the containing chamber. No type of carbon 
appears to be free from this effect and different types differ 
surprisingly little. It increases about in proportion to the 
power dissipated in the microphone until the direct current as- 
sumes fairly large values; i.e., 0.1 to 0.2 amps. for most tele- 
phone transmitter types. When the current is increased fur- 
ther, the noise begins to increase much more rapidly and to de- 
part from its steady, smooth character and become erratic. 
Sounds like miniature explosions or sometimes continuous 
oscillations may occur. From its likeness to the sound of fry- 
ing fat, it is sometimes called “frying.” Most commonly, 
however, this noise has been called “burning.” Viewed under 
a glass minute points of incandescence may be seen at the con- 
tacts. This noise limits the use of the carbon microphone in 
modern practice, where amplifiers are involved, to work where 
the sounds to be transmitted are sufficiently loud to mask this 
noise as in usual telephone use. 

Carbon may show considerable aging from the condition 
when it is first prepared by roasting. It may age either as a 
result of mechanical agitation or burning. As it ages, its re- 
sistance increases, the increase often amounting to several 
hundred per cent. 

Considerable work has been done in the investigation of the 
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pressure-resistance characteristic of carbon cells. This ap- 
proximates an hyperbola over quite a broad range of pressure 
and resistance although the exact characteristic departs from 
this curve and depends on a number of factors beyond the scope 
of this discussion.” Based on this characteristic, the character 
of the current resulting from a sinusoidal variation of pressure 
has been studied.“ The effects are complicated. For many 
purposes, the distortion due to a failure of the current to vary 
in exactly the same manner as the resistance is not important, 
provided the resistance in the circuit external to the micro- 
phone approximates or exceeds that of the microphone itself. 
Such effects are often minimized by the use of two carefully 
matched buttons operated push-pull. 

The mechanism of electrical conduction through a mass of 
granular carbon has been subjected to much study and many 
theories have been advanced to explain the phenomena ob- 
served. It has now been quite well established, however, that 
the current crosses the contacts through minute sub-micro- 
scopic irregularities in the surface in actual contact. As the 
pressure is increased, these protuberances are deformed so that 
the areas in contact and the number of contacts are increased 
and hence the electrical resistance is decreased. The gas 


‘which adheres to the surface of the carbon tends to restrict 


these points of contact and behaves like an elastic layer between 
grains. 

Of the many substances which have been tried for use in a 
loose contact microphone, granular carbon appears to be much 
the best (Fig. 20). The combination of the strength, elas- 
ticity, the character of the surface as regards its roughness, the 
manner in which gas adheres to the surface, the heat conduc- 
tivity, electrical conductivity, its infusibility, the fact that the 
oxides are gases, the value of the specific heat and the fact that, 
if properly prepared, the gases adhering to the surface are not 


82 Goucher, Science, Nov. 7, 1930, pp. 467-470. 
88 L. S. Grandy, A. I. E. E., Jour. (46), pp. 426-430, 1927. 
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given up except at high temperatures, make carbon much the 
most satisfactory microphonic material known. Microphone 
carbon is extremely hard, being nearly as hard as diamond. It 
remains hard at high temperatures. Its ratio of thermal to 
electrical conductivity is very high compared with other ma- 
terials. This results practically in much less heating at the 
minute points of contact. Due to the combination of the char- 
acteristics mentioned, there is what might be loosely termed a 
critical voltage for most contacts. This is the voltage beyond 
which we cannot go without welding or cohering the contacts. 
For metals this is low. The fact that it is low was used in the 
iron-filing detector of early radio days. Such a detector was 
simply a cell of loose contact material which was very easily 
packed electrically or cohered. This “critical voltage” of 
most metals is of the order of 0.1 volt. For carbon it is about 
1% volts. While other materials have been found with higher 
values of “ critical voltage,” they are of such high resistance or 
have other characteristics which are so objectionable, that they 
are not at all adaptable for use in a microphone. In the light 
of present day knowledge, it appears probable that carbon will 
continue to be used as the loose contact material for micro- 
phone buttons wherever the conditions of use are such as to de- 
mand a microphone which is an amplifier. Due to the large 
amplification (about 30 db) obtainable with a carbon button, 
it seems unlikely that amplifying transmitters will be replaced 
in the near future for at least the great bulk of telephone work. 

In most of the earlier carbon transmitters, the granular car- 
bon was placed between two parallel disc electrodes separated 
from 0.05” to 0.15”. One of these discs was vibrated by the 
diaphragm or composed the diaphragm itself so that the maxi- 
mum agitation and hence aging occurred at this part of the 
electrical path, the agitation decreasing with increasing dis- 
tance from the front electrode. Recently, this “direct action” 
type of carbon cell has in several designs been replaced by a 
button in which two ring electrodes are separated by an insulat- 
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ing barrier, the agitation being conducted to the granular mass 
by an electrically insulated element. In this type, known as 
the “barrier” button, the maximum agitation occurs at some- 
where near the middle of the path through the granules. The 
aging effects are not localized at the electrodes. This type has 
shown low burning and long life. The earlier type buttons 
were usually filled only about two-thirds full. In certain re- 
cent types in which improvements in design have greatly re- 
duced the slow expansions and contractions of the cell caused 
by heat, there is little or no breathing and the chamber is al- 
most completely filled with granular carbon. 

The carbon granules are of such size that there are about 
50,000 granules per cubic centimeter. Buttons usually con- 
tain anywhere from 3,000 to 50,000 granules, depending on the 
particular design. 

The telephone handset which has come into broad use by the 
Bell System during the last few years placed extremely severe 
requirements upon its transmitter. It must operate in any 
position and all of its performance characteristics must remain 
reasonably constant throughout all the various positions and 
with all the motion to which it is subjected. Moreover, it must 
maintain its good characteristics over a long life in spite of 
being subjected to very severe mechanical shock each time it is 
used. Only recently has it become possible to meet these re- 
quirements. 

The Bell System handset transmitter uses a diaphragm which 
is very light, stiff and well damped. The electrical output is 
maintained partly by the use of a resilient method of support- 
ing the diaphragm which is not clamped. The carbon cham- 
ber is practically non-breathing, is in front of the diaphragm 
and is filled practically full. It is of the barrier type. 

The carbon microphone has presented great difficulties in 
experimental study and analysis as a vibrating structure. This 
is due to the variable character of the carbon cell, both me- 
chanically and electrically. For this reason most progress has 
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been made in both the theoretical and experimental studies of 
such structures by the use of receivers or electromagnetic micro- 
phones. Contributions to the theoretical and also the experi- 
mental technique have been made by Poincaré,” Kennelley,* 
Wegel,** Wente,” Crandall,** Gerlach,” Mallett and Dutton,” 
Kellogg,” Maxfield,“ Harrison,” Moore,“ Jones,“ and many 
others. 

About 1915, the vacuum tube amplifier became a potent in- 
fluence on the development of microphones for certain applica- 
tions, particularly where cost was not important. It did two 
things: it made it feasible to use, in these applications, a micro- 
phone of low sensitivity or efficiency and it created fields of 
usefulness for instruments of this type. It shifted the em- 
phasis, at least in places where low cost was not a controlling 
element, from a magnitude of output basis to quality or faith- 
fulness of reproduction, uniformity and reliability. In addi- 
tion, it offered possibilities of exact measurements of acoustic 
effects if used with a suitable microphone. This influence was 
almost immediately reflected in the development of a very high 
quality condenser microphone by Wente (Fig. 21). This in- 
strument was developed for use in such acoustic researches and 
its commercial applications were developed later. The faith- 
fulness with which it reproduced sounds over a very broad 
range both of frequency and intensity represented a vast im- 
provement over the previous microphones. It was later im- 
proved by Crandall (Fig. 22),“° has received much commercial 


84 Fel. Electr. 50, pp. 221-234, Feb. 16; 257-262, Feb. 23; 329-338, Mar. 9; 365- 
372, Mar. 16, and pp. 401-404, Mar. 23, 1907. 

85 Electrical Vibration Instruments (MacMillan). 

86 A. I. E. E., Jour., Oct., 1921, pp. 791-802. 

87 Phys. Rev., May, 1922, pp. 498-503. 

88 Theory of Vibratory Systems and Sound (Van Nostrand). 

8° Phys. Zeit., Vol. 25 (1924), p. 672 and 675. 

407. E. E., Jour., May, 1925, pp. 502-516; I. E. E., Jour., Oct., 1923, pp. 1134-1138; 
Proc. Phys. Soc., Feb., 1921, pp. 139-141. 

1A. 1. E. E., Jour., Sept., 1925, pp. 1015-1020. 

#2 Bell System Tech. Jour., 1926, pp. 146-147. 

48 Bell System Tech. Jour., 1927, pp. 230-247. 

#4Soc. Motion Picture Eng., Jan., 1931; Bell System Tech. Jour., pp. 46-62. 

45 Phys. Rev., June, 1918, pp. 449-460. 
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application and is used as the transmitter of the International 
Reference Standard with which the volume efficiencies of all 
commercial telephone transmitters are compared.“ 

Acoustic researches require as the most important tool for the 
use of the investigator a microphone whose calibration can be 
definitely determined and which will remain fixed. Carbon 
microphones do not meet this requirement satisfactorily. Such 
an instrument should operate over a broad range of frequencies 
and intensities. These requirements are very admirably met 
by the condenser microphone and its development has greatly 
stimulated and facilitated precise acoustic measurements. 
Such measurements would be further facilitated in the higher 
frequency ranges were the dimensions of the microphone such 
that its interposition in a sound field caused no distortion there- 
of. The character and extent of this field distortion has, how- 
ever, been studied and methods and data developed by which 
such effects can either be controlled “ or proper corrections be 
introduced.“ The high mechanical impedance of its dia- 
phragm adapts it well for investigations of sound in tubes or 
closed spaces. 

If we wish to summarize the facts recounted above we see 
that during the period immediately following 1875 almost every 
conceivable type of microphone was tried. With the available 
technique, however, it was not possible to submit the different 
types to detailed quantitative study or analysis. They were 
used chiefly as telephone transmitters. The magnitude of the 
electrical output tended to exceed extreme faithfulness of re- 
production in its practical importance. The granular carbon 
type rapidly outdistanced all competitors. Intensive work on 
this type of transmitter led to successive improvement in both 
these factors and also in the reliability of the instrument, the 
uniformity of commercial product and the uniformity of per- 
formance during its life (Fig. 23). 

46 Martin and Gray, Bell System Tech. Jour., 1929, pp. 536-559. 


47 Ballantine, Phys. Rev., Dec., 1928, pp. 988-992. 
48 Aldrich, P. O. E. E., Jour., Oct., 1928, pp. 223-225. 
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Since the publication in 1917 of Wente’s work on the con- 
denser microphone, there has been an increased demand for 
microphones which will reproduce sounds of widely varying 
character with extreme fidelity. Various lines have been fol- 
lowed in the development of different types. The condenser 
microphone has, as stated, been used quite broadly. The mag- 
netic type with moving strip conductor actuated directly by 
the sound has been used abroad “ and is coming into use in this 
country.” The stretched diaphragm air-damped carbon micro- 
phone (Fig. 24) has seen considerable use in this country, and 





Fic. 25. The Reisz marble block carbon microphone has been used for European 
broadcasts during the last few years. 


in Europe the Reisz,” transverse button microphone placed in 
a heavy marble block has seen considerable use (Fig. 25). The 
electrical output of such instruments is usually much lower than 
that of commercial telephone transmitters, the sacrifice being 
quite justifiable since, in their application, these microphones 
are usually associated with a suitable vacuum tube amplifier. 
Where the source of sound is somewhat remote from the micro- 
phone, so that the actual sound power available is very low, and 


#9 Gerlach and Schottky, Phys. Zeit., Vol. 25 (1924), p. 672 and p. 675. 
50 Electronics, Feb., 1931, p. 492. 
51 U.S. Pat. 1,634,210, June 28, 1927. 
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where quietness of operation is essential, loose contact noise 
bars the use of the carbon microphone, and the magnetic, or 
condenser instrument is to be preferred. 

Microphones have been in demand in recent years for a wide 
and growing variety of uses. “ Anti-noise” transmitters are 
demanded in airplanes and other noisy places. Although vari- 
ous principles have been suggested and used, it appears that 
most of the obtainable improvement in this direction can be 
realized merely by the use of a highly damped instrument. 
Beyond this, further improvement seems to rest chiefly on the 
exclusion of the noise. That this must be true and that the 
transmitter cannot be made to discriminate among the sounds 
reaching it seems obvious. An instrument cannot transmit 
efficiently all of the sounds of the voice over its broad fre- 
quency and intensity range and, at the same time, discriminate 
against sounds reaching it from other sources within these same 
ranges. If the voice is to be transmitted and other sounds ex- 
cluded, it appears necessary to use a mouthpiece which care- 
fully seals the transmitter to the face and, at the same time, 
provides an opportunity for the escape of the breath necessary 
in speech. This last requirement has been met by the use of a 
low-pass acoustic filter. 

A frequency response curve has been taken using one of the 
earlier Blake single contact transmitters, of the type designed 
in 1878. This is shown in comparison with a similar curve for 
a Western Electric condenser microphone. Both curves are 
for constant sound pressure (Fig. 26 and Fig. 27). The con- 
trast between these two curves needs no comment. It shows 
the great advance which has been made in fidelity of reproduc- 
tion and it also shows at what sacrifice in magnitude of output. 

If it were possible to state the requirements of future micro- 
phones in a single specification, it might be possible to make 
some predictions as to the type and range of future improve- 
ment. This, however, is not possible because designs will be 
needed for a wide variety of conditions of use. Some will be 
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used for comparatively close talking.in which a moderately 
high level of output is needed and in which the battery supply 
is limited. Others will be needed for use in noisy locations, 
others for picking up mechanical vibrations such as detectors 
to be mounted on bank vaults, others for the picking up of 
sounds in water as in submarine detection and signalling, others 
for picking up weak sounds in the open air where sounds com- 
ing in all directions are of interest and still others for similar 
open air work where it is desirable that the instrument be 
highly directive. This list might be extended almost indefi- 
nitely. Obviously, many different types of microphones will 
be used in the future, and designs will be developed to meet an 
increasing variety of needs. 
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Fic. 15. The “long distance” transmitter of 1886, a development 
f Hunnings’ transmitter, used Edison granular carbon in a horizontal 
cell. 




















Fic. 14. This cross-section of an early 
Blake transmitter shows it to be of the 
inertia type. 
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Fic. 16. Commercial models of the Hunnings transmitter Fic. 17. The Blake’ type 
were used in a horizontal position with the carbon resting on transmitter was later developed 
the diaphragm. The fixed electrode projected well into the to this form using a button 





granular mass. containing granular carbon. 





Fic. 18. The solid back Fic. 19. One of the first condenser transmitters was devised 
transmitter invented by by Prof. Dolbear of Tufts College. 

White in 1890 was of a 
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lions have given good service. 
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Fic. 21. The Wente condenser microphone of 1917 gave faithful response 
over a very broad frequency range. 
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0.011 inch in size. When magnified PLATE GROOVE ALVE 
they look much like chunks of ordi- hii ssl esis ga 
nary hard coal. They are hard, clean Fic. 22. The condenser microphone was modified by Crandall ir 918 


and free from dust. to have a slotted damping plate. This increased the efficienc, and | 
also the damping, thus greatly increasing its practical usefulness. 
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Some Physical Characteristics of Speech and Music * 


By HARVEY FLETCHER 
Bell Telephone Laboratories 


Kinematic and statistical descriptions of the physical aspects of speech 
and music are given in this paper. As the speech or music proceeds, the 
kinematic description consists in giving the principal melodic stream, 
namely, the pitch variation and also the intensity and the quality variations. 
For speech and song, the quality changes are principally described by giving, 
besides the main melodic stream, two secondary melodic streams correspond- 
ing, respectively, to the resonant pitches of the throat and mouth cavities. 
To this must also be added the positions of the stops and the high pitched 
components of the fricative consonant sounds as functions of the time. The 
statistical description consists in giving the average, the peak, and the 
probable variations of the power involved as the various kinds of speech and 
music proceed. These general ideas are illustrated by numerous experi- 
mental data taken by various instrumental devices which have been evolved 
in the Laboratories during the past fifteen years. 


A speech or musical sound is transmitted from the mouth of a speaker 
or from a musical instrument through the air to the ear of the 
listener by means of a pressure wave, a succession of condensations 
and rarefactions of the air. Such a wave spreads in all directions 
away from the source of sound and soon encounters solid objects which 
cause reflections. These reflected waves combine with the original 
one and thus modify the pressure changes taking place at any point. 
In this paper we shall be concerned chiefly with the pressure changes 
which take place before reflections occur. 

Speech is composed of fundamental sounds called vowels and 
consonants. As a conversation proceeds there is a constant shifting 
from one of these sounds to another, only one of them being sounded 
at one time. Most of these sounds may be continued as a steady 
tone and hence may be designated as continuants. The others require 
that the sound stream be interrupted and are therefore called stops. 
The first class includes the long and short vowels, the diphthongs, the 
semi-vowels, and the fricative consonants, the sounds 4, i, ou, | and s 
being typical, respectively, of each of these groups. The pure stops 
are p, t, ch, and k. In producing the corresponding voiced stops, 
b, d, j and g, the voiced stream is not entirely interrupted, although 
the tones from the vocal cord are very much subdued. A conversation, 


* Presented as invited paper in Symposium on Acoustics, American Phys. Soc., 
Dec. 30-31, 1930, Cleveland, Ohio. Published in Rev. of Modern Physics, April, 1931. 
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then, consists of a succession of continuants and stops and a physical 
interpretation of speech consists, therefore, of a description of these 
continuants and a discussion of the manner of joining the continuants 
together either directly or by means of stops. 


MELopiIc STREAMS OF SPEECH 


As an example of how this analysis of speech may be made consider 
the sentence, ‘‘Joe took father’s shoe bench out,” an oscillogram of 
which is shown in Fig. 1.1. This silly sentence was chosen because it 
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Fig. 1—Oscillogram: ‘‘ Joe took Father’s shoe bench out ’’—spoken. 


is used in our laboratory for making tests on the efficiency of telephone 
transmitters. This sentence together with its mate ‘She was waiting 
at my lawn”’ contains all of the fundamental sounds in the English 


1 This oscillogram and the others following it were taken with the new high 
quality and high speed oscillograph which has recently been developed in our labora- 
tory. It has an approximately uniform response for amplitude and phase from 20 
to 10,000 cycles per second. 
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language that contribute toward the loudness of speech. In Fig. 1 
the ordinates are proportional to the pressure change in bars and the 
abscissas are time intervals of .01 second. The eighteen fundamental 
sounds in this sentence are joined together without the stream of sound 
being interrupted except for the stops t, kandch. The stop consonant 
b is voiced so that although the vocal cord sound is interrupted by 
the closing of the lips, it continues to sound in a subdued way until 
the stop is removed and the e sound begins. Pauses, that is, silent 
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Fig. 2—Melodic curves: ‘‘ Joe took Father’s shoe bench out’”’—spoken. 





intervals, are made between sentences and sometimes between words. 
It will be noticed that a brief pause was inserted at the intervals .17 
to .21 and .32 to .335 and .34 to .41 and 1.16 to 1.18 seconds. There is 
no such pause between “‘shoe”’ and “bench.” 

Speech, then, consists of a series of comparatively steady states of 
vibration joined together in time, either by silences or transitions from 
one steady state to another. Each one of these steady states is 


characterized by a pitch and a tone quality, and the sequence is 
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essentially a melody. The melody of the sentence whose wave form 
is shown in Fig. 1 may be illustrated graphically as indicated in Fig. 2. 
In this figure the ordinates represent the pitch in octaves below or 
above a tone having a frequency of one kilocycle per second; or if 
the frequency f is measured in kilocycles, then the pitch P is given by 
the equation 


P = logs f. (1) 


The abscissas represent the time in seconds. The lower curve gives 
the changes in the pitch of the fundamental and represents the melody 
as ordinarily understood in music. The middle two curves represent 
the pitch positions of the strongest harmonics. The location of these 
positions is determined by the resonant properties of the throat and 
mouth cavities. “These curves may be considered as secondary melodic 
streams. The combination of these two secondary melodic streams is 
interpreted by the senses as a sequence of spoken vowels rather than 
as a series of pitch changes. The small number above each part of 
the curve gives the number of the harmonic which is augmented by 
the resonance of the mouth or throat. For the sound e in bench the 
4th harmonic was the strongest at the beginning of the sound, but 
the 5th came in strongest near its end. I have tried to indicate the 
relative intensities of the harmonics as the sound proceeds by the rela- 
tive thicknesses of the lines. An examination of the oscillogram shows 
that the intensity of the harmonic always increases as its pitch becomes 
nearer the characteristic pitch for the vowel being spoken. 

As indicated by the short lines at the top of the chart, there exists 
at certain intervals high pitched components which are characteristic 
of the fricative sounds. The unvoiced sounds t, k, f, z and sh, exist 
only when the three melodic streams are stopped. The high pitched 
components of the voiced sounds, j, th and b, are superimposed upon 
the three melodic streams. 

Besides these four important streams of speech (Fig. 2), there are 
a great many others with intensities which are in general much lower, 
but when combined with the main streams they determine the kind 
of voice, that is, whether it is smooth and musical or rough and 
harsh. The main melodic stream for a woman’s voice is between the 
pitches — 1 and — 2 octaves while for a man’s voice it is between 
— 3 and — 2 octaves. The secondary melodic streams produced 
while speaking the same sentence are approximately the same for man 
and woman and of pitches shown in Fig. 2. 

In Fig. 3 is shown an oscillograph of the sentence ‘“‘ How are you?”’. 


This sentence contains no stops. The sound stream is not interrupted; 
it is just a continuous variation from one vowel to another. In Fig. 4 
the main melodic stream is given. 
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Fig. 3—Oscillogram: ‘‘ How are you?” 


In Fig. 5 an oscillograph of the sentence “Joe took father’s shoe 
bench out’’ is shown when the vowels of this sentence are intoned on 
the simple melody do-re-me-fa-me-re-do, and in Fig. 6 the melodic 
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Fig. 4—Melodic curve: ‘‘ How are you?” 


streams are given. In this case only the characteristic resonant 
pitch positions for the two secondary melodic streams are given. The 
chief difference between this figure and that for the spoken sentence is 
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in the main melodic stream. For purposes of comparison the curves 
of the spoken and sung sentence are enlarged and shown together in 
Fig. 7. In the case of the sung sentence the pitch changes are in 
definite intervals on the musical scale while for the spoken sentence 
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Fig. 5—Oscillogram: ‘‘ Joe took Father’s shoe bench out ’’—sung. 


the pitch varies irregularly, depending upon the emphasis given. 
The pitch of the fricative and stop consonants is ignored in the musical 
score, and since these consonants form no part of the music they are 
generally slid over, making it difficult for a listener to understand the 
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Fig. 6—Melodic curves: “ Joe took Father's shoe bench out ’’—sung. 












+ 





5 ee oa 















































PITCH IN OCTAVES 















































4 
| 
bs 














4 
& 7 & 1 
TIME IN SECONDS 





Fig. 7—Melodic curves: “‘ Joe took Father’s shoe bench out’’—spoken and sung. 

















meaning of the words. Some of my friends in the musical profession 
object to this statement of the situation but I think you will agree 
that a singer’s principal aim is to produce beautiful vowel quality and 
to manipulate the melodic stream so as to produce emotional effects. 
To do this, it is necessary in singing to lengthen the vowels and to 
shorten and give less emphasis to the stop and fricative consonants. 
It is for this reason that it is more difficult to understand song than 
speech. 


CHARACTERISTIC PITCH OR FREQUENCY LEVELS FOR THE VOWELS 


Now let us examine part of the speech wave of Fig. 1 in more detail. 
Consider the vowel in the word ‘‘shoe.”’ 

The fundamental cycle was repeated 170 times per second. It is 
evident that the second harmonic is very much magnified until it is 
nearly as intense as the fundamental. In Fig. 8 is shown another 


0.20 SEC. 0.21 SEC. 


Fig. 8—Oscillogram of vowel i. 


oscillogram of i intoned at 120 cycles per second. In this case the 
3rd harmonic is magnified. An analysis of a number of i sounds 
shows that components falling between 300 and 400 cycles per second 
are always reinforced. This reinforcement is probably due to the 
resonance characteristic of the mouth cavity. 

Similar characteristic low pitch regions exist for the vowels in the 
words, put, tone, talk, ton and father. A characteristic high pitch 
region also exists for these sounds but the intensity of the components 
falling in it are much less. For the vowels in the words tap, ten, 
pert, tape, tip and team there are two characteristic regions of rein- 
forcement which are of approximately the same intensity and which 
are independent of the fundamental pitch. This is illustrated in 
Fig. 9, which gives a spectrum analysis of the vowel “‘é” pronounced 
at the four pitches indicated. The characteristic regions are at 375 
cycles per second and 2400 cycles per second corresponding to pitches 
— 1.4 octaves below and + 1.3 octaves above the reference pitch. 

Experimental work? has indicated that for American speech the 
characteristic pitch regions for the vowels and semi-vowels are those 
shown in Fig. 10. For the first six vowels the components corre- 


2 “Speech and Hearing,” Harvey Fletcher, pp. 58, 59. 
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Fig. 9—Spectra of “‘E” intoned at different pitches. 
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Fig. 10—Characteristic resonance positions for the spoken vowels. 
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sponding to the characteristic region of high pitch are much less 
intense than those of low pitch. For the other vowels the intensities 
of both regions are about alike. 


OsCILLOGRAMS OF THE UNVOICED CONTINUANTS 


Now let us examine more closely the wave forms for the fricative 
sounds, s, sh, f, th. They are shown in Fig. 11. These show only 
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Fig. 11—Oscillograms of fricative consonants. 


part of the oscillogram produced when each of these sounds was 
continued for about one second. It is seen that these sounds contain 
components having high pitches mostly above + 1. It is seen that 
they do not have the wave form repeated as uniformly as was the case 
with the vowel sounds. They seem to be composed of a series of 
explosions. For example, the oscillogram for ‘‘sh’’ looks very much 
like one obtained from the sound of a sky rocket. 

The f and th sounds are magnified six times in amplitude compared 
to the sh and s sounds. Although much fainter they still show this 
explosive character. There are 40, 45, 37 and 55 waves per each .01 
second interval, respectively, for these four sounds corresponding to 
4000, 4500, 3700, 5500 cycles per second. 
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ACOUSTICAL POWER OF SPEECH WAVES 


Keeping this picture before us, as to the physical composition of 
speech, and its kinematic nature, let us now consider some statistical 
averages. If ten different persons spoke the sentence discussed above, 
there would be a considerable range of differences in the frequencies 
and intensities used to transmit it through the air. To get a typical 
cross-section of American speech, it would require at least 100 such 
sentences pronounced by at least 5 men and 5 women. This would 
involve the analysis of 18,000 fundamental sounds besides the transi- 
tions between them. Also, as was seen from the oscillograms given 
above, the wave form changes even where it is ideally supposed to 
be constant so that three or four sample waves from each steady 
state condition should be analyzed to find the components in each 
sound. Thus, we have the problem of recording and analyzing about 
70,000 such waves. To analyze such a wave by the usual academic 
methods, namely, to plot the wave to a definite scale and then analyze 
it into its components by means of a Henrici or similar analyzer, would 
require at least two or three hours. So such a job for analyzing only 
the steady-state part of speech would require about 210,000 hours, or 
100 years working seven hours a day for 300 days per year. In other 
words, such a method of attacking the problem is altogether too slow. 
To find the average intensities and frequencies involved in con- 
versational speech, much more powerful methods for obtaining 
statistical averages were adopted. 

There is a to and fro movement of the air particles simultaneously 
with the alteration of the air pressure. When the source is so far 
away that the disturbance can be considered as a plane wave, then 
the following relations exist between the pressure p, the displacement 
y, the velocity v, and the acceleration a of a layer of air particles, and 
Ww 


the frequency of vibration aT 


, namely, 


yo? = vw = a, (2) 
p=n, (3) 


where 7 is the radiation resistance of the air and is given by the product 
of the air density by the velocity propagation of the wave. The 
intensity J of the sound at any point is the power passing through a 
square centimeter of the wave front and is given by 


gat. (4) 
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If J is expressed in microwatts and » in bars, this reduces to 


ae 
J =a5° (5) 


The intensity level I is defined by 
I = login J (6) 


and is expressed in bels. These relations hold for any complex sound 
as well as for a pure tone if p is interpreted as the root mean square 
value of the pressure change. 

It is seen then that all of these quantities can be determined by 
making experimental measurements of the pressure change. For 
accomplishing this the following methods were used. 
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Fig. 12—Schematic of electrical circuit for measuring the average power-frequency 
distribution of sounds. 


The speech to be analyzed is picked up by a Wente condenser 
microphone and sent into a vacuum tube circuit. This circuit is 
arranged so that any one of 14 band pass filters can be inserted. 
After passing through the filter the electrical speech wave is then 
sent through a rectifier and finally into a meter. A schematic * of 


3 See paper entitled ‘‘A New Analyzer of Speech and Music’”’ by H. K. Dunn 
(Bell Laboratories Record, November, 1930) and also paper entitled ‘‘ Absolute 
Amplitudes and Spectra of Certain Musical Instruments and Orchestras” by Sivian, 
Dunn & White, Jour. Acous. Soc. of America, Jan., 1931. 
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the circuit is shown in Fig. 12. Two kinds of meters are used. The 
first is a flux meter as shown in Fig. 12 for integrating the speech 
energy over any desired interval. When the rectifier is designed to 
give a value which is proportional to the average voltage, then the 
deflection of the needle of the flux meter will be proportional to the 
average pressure times the time. In other words, this device will 
read the average pressure during any desired time interval. In this 
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Fig. 13—Schematic of electrical circuit for measuring the peak power-frequency 
distribution of sounds 


way it is possible to find the average pressure in any one of the 14 
bands. If the rectifier is adjusted so that the reading is proportional 
to the square of the impressed voltage then the reading will correspond 
to the average power. Knowing the calibration‘ of the transmitter 


4 “Speech and Hearing,”’ page 305, and also paper entitled ‘‘ Absolute Calibration 
of Condenser Transmitters’”’ by L. J. Sivian, Bell System Tech. Jour., Jan., 1931. 
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and also its distance from the mouth of the speaker, it is possit 
calculate approximately the average speech power. 

The other type of meter shown in Fig. 13 consists of a serie. 
parallel circuits, each containing an argon filled three-electrode ‘t 
connected in such a way that in adjacent circuits the tube bre. 
down and allows the passage of current for voltage levels which. 
6 db (decibels) apart. Ten such circuits then cover a range of 54 





Fig. 14—Photograph of the level analyzer. 


In each of these circuits a relay and counter are connected so that for 
each tube discharge the counter operates. In this way the number of 
times the tube breaks down is automatically registered. The speech 
wave coming from the rectifier is sent into this meter where the peak 
values are measured; that is, the number of times the pressure exceeds 
a value fixed by each of these circuits will be registered automatically 
by the corresponding counter. The apparatus is arranged so that 
every other 8th second interval is measured, the intervening interval 


14 


é required for resetting the apparatus. In Fig. 14 an observer is 
vm reading the message registers after a test has been taken. 
+ breakdown tubes are seen at the left and the filters at the right 
unted on relay racks. 
it is thus seen that with this apparatus 1000 observations may be 
orded on a four minute conversation, the final results being read 
rectly from the series of counters. 
By the use of this and similar apparatus the following results have 
een obtained. The average conversational speech power is 10 micro- 
vatts or 100 ergs per second. About 1/3 of the time no sound is 
flowing due to the pauses and the stops to form consonants so that 
the average conversational speech power is about 50 per cent higher 
than this value if the silent intervals are excluded. Some of the 
speakers will use a greater and some a lesser speech power than this 
average. In Table I are shown the results with a large number of 


TABLE I 


RELATIVE SPEECH POWERS USED BY INDIVIDUALS IN CONVERSATION 


Region of Average Speech 


PON io ecuactxiueateues 1/16 | 1/8 1/4 f° ae Qe 
below| to to to to |to|to|to| above 
1/16 | 1/8 1/4 1/2 1 214/18 8 
Per Cent of Speakers. ....... 7 9 14 18 22 |}17;}9|4) O 


speakers. It will be seen that about 7 per cent of the speakers will 
use in conversation average powers less than 1/16 the average while 
about 4 per cent will use powers which are from 4 to 8 times as much 
as the average. This value of 10 microwatts per second is of course 
for average conversational intensity. When one shouts as loudly as 
possible, this average speech power is raised about 100 fold and when 
one whispers about as softly as possible and still produces intelligible 
speech, it is reduced to about 1/10,000. 

For describing in greater detail the powers involved in speech, we 
will define the terms Mean Speech Power, Phonetic Speech Power and 
Peak Speech Power. They are defined as follows: 

The Mean Speech Power is the average speech power within any 
one one-hundredth of a second period. 

The Phonetic Speech Power is the maximum value of the mean 
speech power of a fundamental vowel or consonant. 

The Peak Speech Power is the maximum value of instantaneous 
power over the interval considered. 
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It was seen from the oscillographs that the vowels have much greater 
phonetic powers than the consonants. Studies of these phonetic 
powers for average conversation have indicated that for a typical 
speaker they are as shown in Table II. The most powerful sound is 


TABLE II 
o’ 680 i 310 ch 42 k 13 
a 600 i 260 n 36 Vv 12 
re) 510 é 220 j 23 th 11 
a’ 490 r 210 zh 20 b 7 
6 470 ] 100 z 16 d 7 
u 460 sh 80 7 16 p 6 
a 370 ng 73 t 15 f 5 
e 350 m 52 g 15 th 1 


the vowel in the word ‘‘awl”’ which carries about 900 times as much 
power as the weakest sound which is th as in thigh. This most 
powerful vowel when intoned without emphasis is about 50 micro- 
watts. The relative position in this table depends upon the emphasis 
given. An emphasized syllable has about three times as much 
syllabic power as an average one and as will be seen from the table 
this is about the range of powers among the different vowels. 

An analysis of a few oscillograms such as we first considered for 
determining the peak powers was made and showed that the peak 
powers are from 10-20 times the phonetic power. It is thus seen that 
when the vowel in the word ‘‘awl”’ is emphasized, the peak power is 
from 50 to 200 times the average speech power. To find how fre- 
quently these peak powers occur, the apparatus described above using 
the glow discharge tube circuits was used. The results obtained are 
shown in Table III. 


TABLE III 
Per Cent of Number of db the Peak Power 
1/8 Second in the Interval is Above 
Intervals the Average Level 
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These values confirm earlier results obtained by oscillographs and 
give a much more detailed picture of the variation of the peak values 
as the speech proceeds. About 2 per cent of the time the peak power 
in 1/8th second intervals exceeds the average power level by 20 db; 
that is, it is more than 100 times greater. It is seen that a system 
designed to transmit conversational speech of the best quality should 
be capable of handling at least 1000 microwatts instead of 10 micro- 
watts. It is also seen that the most frequently occurring peak is at 
about 10 times the average speech power. For 21 per cent of the time 
the peaks are below the average level. A large number of the 1/8th 
second intervals in this class are silent. 

To find how the speech powers are distributed throughout the 
pitch range similar measurements were made introducing successively 
each one of the 14 band filters as indicated in Fig. 12. These bands 
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Fig. 15—Distribution function for conversational speech. 


Fractional energy = £ P? SaP. 
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were arranged so as to cover about 1/2 octave pitch range except at 
the two lower octaves where they cover a complete octave. From 
the measurements on the average speech power in each band the curves 
in Fig. 15 were constructed. They give the results for average con- 
versational speech for both men’s and women’s voices. The ordinates 
are such that the fraction of the total power F which is carried by any 
pitch interval between P, and P? is given by 


Pie i. 10°-dP. (7) 














In other words £ is the intensity level per octave expressed in bels. 
For example, the octave containing the most energy in men’s voices 
is — 1.75 to — .75 and it contains about 10-* or 31 per cent. The 
octave below — 3 contains about 4 per cent and the octave above 
+1 about 5 per cent. For women’s voices these figures are 31 per 
cent for the most intense region, which is the octave from — .85 to 
+ .15, and .2 per cent and 7 per cent, respectively, for the other two 
octaves. 


AUDIBLE PitcH LIMITs 


The audible pitch limits for conversational speech received at 
various intensities are determined in the following way. It is seen 
from Table III that the peak power exceeds the average power by 
17 db 10 per cent of the time. The loudness of speech near the 
threshold is probably determined by these louder components. For 
convenience the term ‘effective intensity level”’ will be used when 
speaking of these components only. With this nomenclature the 
effective intensity level is 17 db above the average intensity level. 
Using these figures and assuming that three-fourths of the speech 
power is radiated through the hemisphere in front of the speaker, 
then one can calculate that the effective intensity at one meter’s 
distance will be 6 X 10-* microwatts per square centimeter or at an 
effective intensity level of 22 db below one microwatt. 

To determine the sensation level the pitches and intensities of the 
components in the vowels must be considered. A study of the fre- 
quency spectra of these vowels indicates that the loudest component 
contains from 1/2 to 1/5 of the total power of the vowel. From this 
it is concluded that the components determining the threshold are 
from 3 to 7 db below the effective level of the speech. The threshold 
of hearing for pure tones in the pitch region between — 1 and + 1 
octaves is from — 85 to — 95 db with an average value of — 91 db. 
Consequently, it is concluded that at the threshold the effective 
intensity level for the speech is approximately — 86 db and the average 
level approximately — 103 db. Since the effective level of the speech 
at one meter’s distance was shown to be — 22 db, it is seen that the 
sensation level at one meter’s distance is 64 db. If the speech wave is 
uninterrupted by reflections then this level decreases 6 db when the 
distance between the speaker and the listener is doubled. This level 
will be raised or lowered in accordance with the intensity of the speak- 
ing, the variation for different speakers being in accordance with the 
data in Table I. 

For example, using these relations one finds that the most probable 
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average speech power used by a person in conversation is 5 micro- 
watts. The most probable sensation level of such speech at 1 meter’s 
distance is 61 db, at 10 meters’ distance it would be only 41 db and 
could be brought back to level of conversational speech at one meter’s 
distance only by the speaker shouting as loudly as possible. 

If we use the peak voltmeter as shown in Fig. 13 and make measure- 
ments upon the peaks in 1/8th second intervals in each of the half 
octave bands the results will be as represented by the curves of Fig. 16. 
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Fig. 16—Peak levels for conversational speech (3 male voices), using }4 octave 
average pitch intervals. 


The top curves give the maximum level of the peak compared to the 
average intensity. The other two give levels such that the peak 
levels are below them 98 per cent, 90 per cent or 75 per cent of the time. 
It will be seen that the most intense peaks occur in the pitch range of 
— 1 to +1 octaves. In this pitch range the intensity levels of the 
maximum peaks for the different components are approximately 
the same, being 13 or 14 db above the average speech level. 

It is interesting to note that in the higher pitch range the curves 
in this figure are more widely separated than in the lower pitch range. 
This illustrates an important characteristic of speech, namely, that 
although components in the pitch range from zero to 2 octaves occur 
which are just as intense as those in the lower range, they occur less 
frequently. In other words, the spread in the intensities of the com- 
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ponents which are successively occurring as the speech proceeds is 
very much greater in the higher pitch regions. 

As shown above, the threshold is determined for conversational 
speech when the average speech level is ata — 103 db. For the same 
reason that only 10 per cent of the peaks having the highest levels 
determined the threshold for the speech as a whole, the curves labelled 
90 per cent of this figure can be used as a basis for determining the 
sensation level in each of the bands. When the ear of the listener 
is 10 centimeters from the mouth of the speaker the sensation level 
will be 84 db and the average intensity level will be — 19 db. If ap 
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Fig. 17—Speech audibility curve (male voices). 


is the average threshold level for tones in each of the half octave 
bands, then, if we subtract a» — 19 from each ordinate of the curve 
in Fig. 16, we will obtain the sensation level of each half octave band. 
A curve constructed in this way will be called an audibility curve and 
is given in Fig. 17. This curve is for the case when the lips of an 
average male speaker are 10 centimeters from the ear of an average 
listener. It will be seen that the half octave bands above 3.25 octaves 
and below — 4.25 octaves are just audible. If the distance between 
speaker and listener is increased to one meter, which is the most 
commonly used distance, then the audibility curve would be one which 
is lowered 20 db from that one shown in Fig. 15 and the audible limits 
would be +3 and — 3.5 octaves, corresponding to frequencies of 
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8000 c.p.s. and 90 c.p.s. Similarly, if the distance is increased to 
100 meters, the limits will be found to be + 1.85 and — 1.55 octaves. 
These relations are true only when no other sounds are present. 
Similar limits are easily determined when the listener is in the presence 
of any other sound whose noise audiogram is known. In that case, 
the ordinates in the audibility curve are reduced by an amount equal 
to the corresponding ordinate in the noise audiogram. 

These values are such that any half octave by itself within the 
pitch limits will transmit audible sounds. This does not necessarily 
imply that, when the undistorted speech is acting upon the ear, such 
a half octave will transmit sounds whose presence can be detected. 
To test this point several observers listened to speech reproduced by 
a high quality loud speaker system which would reproduce all fre- 
quencies from 40 to 15,000 uniformly and into which filters could be 
introduced. These filters limited at desired cut-off positions the upper 
and lower frequencies which were reproduced. 

A large group of observers then listened to this reproduced speech 
and they were asked to judge which was filtered and which was 
unfiltered. The results of such tests are shown in Fig. 18. The 
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Fig. 18—Audible pitch limits for conversational speech. 
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ordinates give the per cent of correct observations and the abscissze 
the cut-off frequency of the filter. Taking a 60 per cent correct 
judgment as a criterion for determining the detectable pitch limits, 
then it will be seen that the lower limit is — 3.5 octaves and the upper 
limit 3.25 octaves for male speech which agrees with the results taken 
from the audibility curve established directly from power measure- 
ments upon speech and the threshold of hearing as described above. 
For female speech the limits are — 2.9 and + 3.4 octaves. Sum- 
marizing, then, it is seen that the most powerful components carrying 
conversational speech, which are of any practical importance, are 
about 4000 or 5000 microwatts while the principal components in 
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the weakest sound carry only about 1/20th of a microwatt. Even for 
an extremely loud shout or for the most intense singing the maximum 
power will not exceed more than about 100 times these values; that is, 
they will not exceed 1 watt. The pitch range necessary for faithfully 
transmitting men’s and women’s speech is from — 3.5 to + 3.3 
octaves or from 90 to 10,000 cycles per second. 


AcousTICAL POWER PRODUCED BY MusICAL INSTRUMENTS 


Now we will look briefly at some of the same results obtained for 
music by the use of some of these same measuring tools. In Fig. 19 
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Fig. 19—Major triads of B-flat clarinet. 


are shown typical waves produced by the clarinet. A complete 
oscillogram of the waves produced when the instrument played its 
full range of three octaves on the chromatic scale was taken. The 
simple waves shown in the figure are those corresponding to the major 
triad in each of these octaves. The entire record was about 250 feet 
long. Such musical tones have a much more uniform wave form than 
those from the voice. 
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The measurement of the peak power from typical musical instru- 


ments used in an orchestra gave the following results.® 





TABLE IV 
PEAK POWER OF MusICAL INSTRUMENTS (Fortissimo Playing) 
Instrument Peak Power in Watts 

PR ONIN 86 5053 ae wetadundisesevennueeeeaeueal 70 
CO I MONS. 6 alee s.ciddnwhawre Kuan owewexencteean 25 
PRIS 2 oid, granada area aia aroha ars ak We mele ae 13 
GI NR 3 Sia skied t dik whic ocdawentaeserenuendaens 12 
Ce ee ee ee en ree ee ree 10 
nina bi ERR cheney Renn eee ReReenewaee 6 
| Ee ee eT oer cee re 0.4 
I oi ceneickrele 8 ha ee ne'ehuldiaereO hen MEARS ERE ao 0.3 
De ING is bias nei ied era emeneasomewcemaet 0.3 
ES 6h wd dn K6 RK ane deb eseecas wkend 0.2 
PG 8 rcammad Caran tid ae cee Rae ee owe Me een 0.16 
PR Gita vccvuad ka tends Seiatiseenes ena 0.08 
MNCS S856 wed ces Shw'a hl erih Hst ieee Whee a a ee 0.06 
ere ee bey mE rome ee re 0.05 
We REN ota acd: snrealigr ee wide baie Wwe en kw eae eRe 0.05 
EI 6a aca 'u Wars MRD aie cee Owe meee eee wean 0.05 


The most powerful single instrument is the bass drum which gives 
powers which exceed 25 watts in successive 1/8th second intervals 
about 6 per cent of the time it is being played. A 75-piece orchestra 
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Fig. 20—Maximum and most probable peak levels for a 75-piece orchestra. 


6 These results and those in Fig. 19 were taken from a paper by Sivian, Dunn and 
White entitled ‘‘ Absolute Amplitudes and Spectra of Certain Musical Instruments 
and Orchestras,’’ Jour. Acous. Soc. of America, Jan., 1931. 
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playing with full volume will produce peak acoustic powers as great 
as 70 watts. 

When such an orchestra played the four different selections, the 
maximum peak powers varied from 8 to 66 watts, but the average 
powers were .08, .07, .07 and .13 watts, respectively. Hence the 
variation of the average power from selection to selection was much 
less than that of the peak power. Both the peak powers and also 
the average powers for the orchestra are about 10,000 times the 
corresponding powers for conversational speech. In Fig. 20 the curves 
show how the peak power was distributed among the different pitch 
bands for this 75-piece orchestra. The curves give the average values 
for the four selections. The zero line corresponds to a power of 
approximately 1/10th of a watt. The levels correspond to that which 
was obtained in the half octave band acting alone. Although the 
maximum peak was 70 watts for the unfiltered music when the heaviest 
piece was being played, the most probable peak value in any half 
octave band is less than 1/10 of a watt except for the octave between 
— 2 and — 1 octaves, where it is slightly higher than this value. 
The distance between the two curves increases as you go to either 
side of this octave which is approximately that between middle ‘‘C”’ 
and the “C”’ above it. This indicates that the components in this 
region are more nearly alike in intensity and occur more frequently 
than in the other regions. The top curve indicates that from the 
standpoint of maximum peak values the half octaves from — 23 to 
+ 14 octaves are all about equally important. As the pitch of a 
component goes below 23 octaves, its intensity decreases rapidly as 
indicated in the figure. Very intense peaks occur occasionally with 
frequencies as high as 10,000 or 12,000 cycles. 

To find the lowest level used in orchestral music a violin player was 
asked to play as softly as is ever customary while playing before the 
public. Its average power was found to be about 4 microwatts. It is 
thus seen that the peak power from a large orchestra is about 
20,000,000 times the average power produced by soft violin playing. 


AUDIBLE PitcH Limits FoR MusIcAL SOUNDS 


Measurement of the detectable pitch limits was determined in a 
way similar to that described for conversational speech. The results ” 
for typical musical instruments are shown in Fig. 21. For comparison 
the results for speech and some common noises are also included. 
It will be seen that the lower limit for music is determined by the bass 


. He more comprehensive report of this work will soon be given in a paper by W. 
. Snow. 
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tuba, the bass viol, and the kettle drum, and its value is about 40 c.p.s. 
The upper limit is determined by the snare drum, the violin, and 
the cymbals, and is shown to be about 15,000 c.p.s. Summarizing, 
then, for music the range of pitches covered by the components is 
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Fig. 21—Audible pitch range for speech, music and noise. 


from — 4.7 to + 3.9 octaves, corresponding to the frequency range 
from 40 to 15,000 cycles per second. The intensity ranges from about 
70 watts to 4 microwatts, corresponding to an intensity level range of 
73 db going from the average level of the softest violin playing to the 
peaks in the heaviest playing of a full 75-piece orchestra. 









THE JOURNAL 
of the Acoustical 


Society of America 


INDEX TO VOLUME III 


Juty, Octoser, 1931—JANUARY, APRIL, 1932 








INDEX TO VOLUME III 


A 


Aspott, E. J.: Measurement and frequency 
analysis of sound from large reduction 
gear units, (Abstract) 6 

Noise specification for large reduction 
gears in terms of physical units, 445-482 

ALDERMAN, GEORGE W.: (see Jones, Arthur 
Taber), 297-307, (Abstract) 5-6 

ANDREE, C. A.: Approximations in determin- 
ing the total absorption of a room, 
(Abstract), 314-315 

- Effect of position on the absorption of 
materials for the case of a cubical room, 
535-551 


(see Norris, R. F.), (Abstract) 312 


B 


BALLANTINE, STUART: Technique of micro- 
phone calibration, 319-360, (Abstract) 8 
BARNES, GARNETT F.: Investigation of gam- 
ma in a mixture of gases, 579-590 

Barrow, W. L.: On interference elimination 
with the warble tone, 562-578 

BARTON, Henry A.: American Institute of 
Physics, (Abstract), 312 

Beprorpb, A. V.: Planetary reduction gear 
system for recording turntables, 207-221, 
(Abstract) 7-8 

BrppuLpH, R.: (see Shower, E. G.), 275-287 
(Abstract) 7 


’ 


‘ 


Curister, V. L., W. F. Snyper, and C. E. 
MILLER: Measurements with a reverbera- 
tion meter, (Abstract) 1? 

CoLwWELL, R. C. AND J. K. STEWART: Mathe- 
matical theory of vibrating membranes and 
plates, 591-595 

—— Vibrations of a metallic plate, (Ab- 
stract) 6 


D 


Detsasso, L. P.: New acoustic analyzer: 
Determination of the sound spectra pro- 
duced by aircraft in flight, 167-178 

Dorsey, HERBERT GROVE: Transmission of 
sound through sea water, 428-442 


I 
J 


IeyvRING, CARL F.: Reverberation time meas 
urements in coupled rooms, 181-206 


F 

FARNHAM, R. E.: Application of lamps for 
sound picture recording and reproducing, 
(Abstract) 311 

Fay, R. D.: Plane sound waves of finite 
amplitude, 222-241, (Abstract) 9 

Freperick, H. A.: History of the micro 
phone—Its development and use, (Ab 
stract) 8 

Development of the microphone, (Sup 

plement to July, 1931) 1-27 


G 


GRAHAM, Henry T., James W. STEPHEN AND 
Donatp A. Latrp: Influence of noise 
stimuli upon the normal secretion of saliva 
and gastric juices, (Abstract) 315 


Hari, Witt1AmM M.: Comments on the theory 
of horns, 552-561 

Ham, Lioyp B. AND JOHN S, PARKINSON: 
Loudness and intensity relations, 511-534 

AND JOHN S, PARKINSON: Theoretical 

expression relating loudness and intensity, 
(Abstract) 311-312 

Hanson, O. B.: Microphone technique in 
broadcasting, 81-93, (Abstract) 9 

Hanson, R. L.: Reverberation characteristics 
of sound pictures sets and stages, (Ab- 
stract) 313-314 

Liveness of rooms, (Abstract) 318 

HERSHBERGER, W. D.: Theory of supersonic 
interferometers, 263-268 

Hopper, F. L.: Determination of absorption 
coeflicients for frequencies up to 8000 
cycles, 415-427, (Abstract) 313 

Hussarp, B. R.: Influence of atmospheric 
conditions upon the audibility of fog 
signals, 111-125 

Hunt, FRANKLIN L.: Book review, 308 


“a 





INDEX 


J 


ARTHUR TABER AND GrorGe W 
ALDERMAN: Further studies of the strike 


note of bells, 297-307, (Abstract) 5-0 


JONES, 


K 
KELLOGG, Epwarp W.: Means for radiating 
large amounts of low-frequency sound, 94 
110, (Abstract) 10 
KNUDSEN, VERN O.: Effect of humidity upon 
the absorption of sound in a room, and a 
determination of the coethcients of ab 
sorption of sound in air, 120-138 

Effect of humidity upon the absorption 

of sound in a room, (Abstract) 11-12 
Effect of form on the reverberation of 


sound in rooms, (Abstract) 314 


L 


Lairp, Donatp A., Ewaory W. Tayior, Anb 
Herman H. Wirte, Jr.: 
duction of loudness, 393-401 


\pparent  re- 


see Taylor, Emory W.), (Abstract) 315 
(see Graham, Henry T.), (Abstract) 315 
Leer, Lesur N 


ducers of the organ 


Characteristic sound pro 
(Abstract) 4 


Organ pipes, 242-262 


M 


Marvin, H. B.: On the loudness of noise, 
388-392, (Abstract) 317 
Massa, FRANK (see Wolff, Irving), (Abstract) 
%-10 
(see Woltf, Irving), (Abstract) 317-318 
MAXFIELD, JosepH P.: Some physical factors 
affecting the illusion in sound 
pictures, 69-80, (Abstract) 10 
Meyer, Man F. 


functioning of the cochlea, with demonstra- 


motion 


Salient features of the 
tion of a transparent hydraulic model, 
(Abstract) 7-8 

Miiier, C. E.: 
stract) 12 

Mitter, Dayton C.: Woodwind 
instruments, (Abstract) 4 

Acoustic design of 
(Abstract) 312-313 


(see Chrisler, V. L.) (Ab- 
musical 


»everance 


Hall, 


N 


Norris, R. F.: Application of Norris-Andree 


method of reverberation measurement to 


measurements of sound absorption, 361 
370 

anp C. A. ANbREE: Application of 
the Norris-Andree method of 
tion 


reverbera 
measurement to measurements of 


sound absorption, (Abstract) 312 


0 


Oison, Harry F.: Mass controlled electro- 
dynamic microphones: the ribbon micro- 
phone, 56-08, (Abstract) 9 

Uni-directional 
(Abstract) 315-316 

O’Neit, H. T.: (see Sivian, L. J.), 483-510, 
(Abstract) 316-317 

ORTMANN, Oro 


ribbon microphone, 


/ 


Physical aspects of piano 
tone, (Abstract) 3-4 


P 
PARKINSON, JOHN S.: Experimental judg- 
ments of relative loudness by a number of 
observers as related to the decibel scale, 
(Abstract) 7 
- (See Ham, Lloyd B.) 511 534, 
stract) 311-312 
PetzoLp, Ernst: Regulating the acoustics 
of large rooms, 288-291 
POHLMAN, A, 


(Ab- 


G.: Acoustic insulation and 
cancellation effects at the basilar mem- 
brane, 269-274, (Abstract) 7 


R 


REDFIELD, JOHN: Minimizing discrepancies of 
intonation in valve instruments, 292-296, 
(Abstract) 5 

RitcHi£, EARLAND: Transmission of sound 
through apertures, 402-414 

Ross, Ira G.: Weighting of sound insulation 
data against frequency, (Abstract) 313 

S 

SABINF, Pau E.: Critical study of the pre- 
cision of measurement of absorption coef- 
ficients by reverberation methods, 139- 
154, (Abstract) 12-13 
— Device for measurement of 
sound absorption coefficients, (Abstract) 
11 

Sawyer, C. B. anp A. L. WiLuiams: Demon- 
stration of acoustic properties of Rochelle 
salt, (Abstract) 311 


direct 














INDEX 


SEVERIN, C.: (see Wood, H. I.), (Abstract) 
311 

SHOWER, E. G. AND R. Brpputpu: Differen- 
tial pitch sensitivity of the ear, 275-287, 
(Abstract) 7 

Srumions, Louts: Standardization in teach- 
ing the control of the human voice in 
speech and in song, (Abstract) 4-5 

Stvran, L. J. AND H. T. O’NEIL: On sound 
diffraction caused by rigid circular plate, 
square plate and semi-infinite screen, 483- 
510, (Abstract) 316-317 

Snow, W. B.: Audible frequency ranges of 
music, speech and noise, 155-166; (Ab- 
stract) 10 

SNYDER, W. F.: (see Chrisler, V. L.), (Ab- 
stract) 12 

STANTON, G. T. AND J. E. TWEEDDALE: Noise 
survey of the rapid transit lines of New 
York City, 371-387; (Abstract) 316 

STEPHEN, JAMES W.: (see Graham, Henry 
T.), (Abstract) 315 

STEWART, J. K.: (see Colwell, R. C.), 591-595 


4 


TAYLOR, EMory W. AND DONALD A. Larrp: 
Apparent reduction of intensity level of 
noise (Abstract) 315 

—— (see Laird, Donald A.), 393-401 

TAYLOR, JOHN BELLAMY: Open pipes, 
stopped pipes and double stopped pipes, 
(Abstract) 5 

— Control of pitch in wind instruments, 
(Abstract) 317 

Tuuras, A. L.: (see Wente, E. C.), 44-55; 
(Abstract) 8-9 

TWEEDDALE, J. E.: (see Stanton, G. T.), 371- 
387; (Abstract) 316 


W 


Watson, E. M.: (see Wood, H. I.), (Ab- 
stract) 311 


Watson, F. R.: Reduction of noise in sub- 
ways, (Abstract) 11 ; 

—— Bibliography of acoustics of buildings, 
14-43 

—— Acoustic adjustment of curved walls in 
auditoriums, (Abstract) 13 

—— Book review, 443 

WENTE, E. C. anp A. L. THuras: Moving- 
coil telephone receivers and microphones, 
44-55 

—— AND A. L. TuurAs: An improved form 
of moving coil microphone, (Abstract) 8-9 

WHITE, WILLIAM Brarp: Musical scale and 
its tuning, (Abstract) 3 

WILLE, HERMAN H. Jr.: (see Laird, Donald 
A.), 393-401 

WIt.iams, A. L.: (see Sawyer, C. B.), (Ab- 
stract) 311 

Woop, H. I., C. Severin, AND E. M. 
Watson: Incandescent electric lamps for 
sound recording and reproduction, and 
their characteristics, (Abstract) 311 

Wo r, S. K.: Acoustics of large auditoriums, 
(Abstract) 314 

Wo rr, IRVING AND FRANK Massa: Some 
uses of pressure gradient microphones for 
acoustic measurements, (Abstract) 9-10 

—— AND FRANK Massa: Direct measure- 
ment of sound energy density and sound 
energy flux in a complex sound field, 
(Abstract) 317-318 


BOOK REVIEWS 


RECORDING SOUND FOR MOTION PICTURES. 
Edited by Lester Cowan for the Academy 
of Motion Picture Arts and Sciences. 308 

PLANNING FOR Goop Acoustics. Hope 
Bagenal and Alex. Wood. 443 

ACOUSTICS OF BUILDINGS AND THE PREVEN- 
TION OF VIBRATION AND NOISE. Samuel 
Lifshitz. 596 











